Investigation of direct conversion techniques for microwave and millimetre-wave communication transceivers. by Kpogla, David K.A.
B  uvo V O "!
8597766
UNIVERSITY OF SURREY LIBRARY
ProQuest Number: 10147883
All rights reserved
INFORMATION TO ALL USERS 
The quality of this reproduction is dependent upon the quality of the copy submitted.
In the unlikely event that the author did not send a com p le te  manuscript 
and there are missing pages, these will be noted. Also, if material had to be removed,
a note will indicate the deletion.
uest
ProQuest 10147883
Published by ProQuest LLO (2017). Copyright of the Dissertation is held by the Author.
All rights reserved.
This work is protected against unauthorized copying under Title 17, United States C ode
Microform Edition © ProQuest LLO.
ProQuest LLO.
789 East Eisenhower Parkway 
P.Q. Box 1346 
Ann Arbor, Ml 48106- 1346
INVESTIGATION OF DIRECT CONVERSION 
TECHNIQUES FOR MICROWAVE AND 
MILLIMETRE-WAVE COMMUNICATION 
TRANSCEIVERS
David K. A. KPOGLA, MSc (Eng)
Thesis submitted to the University of Surrey 
For the Degree o f Master’s of Philosophy
UniS
Microwave Systems Research Group 
Advanced Technology Institute 
School of Electronics & Physical Sciences 
University of Surrey 
Guildford, Surrey GU2 7XH
March 2003
©David K. A. KPOGLA 2003
______________________________________________________________ Abstract
Abstract
The widespread exploitation of the millimetre-wave band for communications relies 
on the continual development of new technologies to realise affordable high- 
performance transceivers. Nowadays, the conventional superheterodyne transceiver 
architectures are starting to be replaced by direct conversion techniques, which can 
provide a more flexible and attractive engineering solution.
The approach investigated in this thesis is to realise a transmitter by using Digital 
Signal Processing (DSP) to control a Monolithic Microwave Integrated Circuit 
(MMIC) vector modulator. A major part of this work is on software algorithms for 
generating the in-phase (I) and quadrature (Q) components at baseband for driving the 
vector modulator. Softwai'e has been developed to provide the functions of 
modulation, linearisation, and digital frequency shifting. Various measui'ement results 
are presented at 1.8GHz, 38GHz, and 60GHz using C/C++ and Matlab programming 
to implement digital generation of m-PSK and m-QAM modulated signals.
The integration of RF and DSP fimctions is a multidisciplinary subject, with scope for 
many innovations. In addition to the main software \york, two novel ways of realising 
a vector modulator have been demonstrated and an investigation has been made on 
Single Side-Band (SSB) Binaiy Phase Shift Keying (BPSK), which gives the same 
spectral efficiency in principle as QPSK without the complexity
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Chapter 1 I t l t w d U C t i o n
Chapterl
Introduction
1.1 Background
Direct-conversion techniques have been widely studied for RF and microwave 
communications systems. The objective is to realise transceivers that are easy to 
integi'ate on a single integi'ated circuit, have fewer filters, are easy to adapt to different 
signalling standards, and can be produced with lower cost. The resulting architectures 
have simplified RF hardware, and rely more on digital signal processing (DSP) to 
realise the various functions. Tliis ti*end forms part of the wider study of software 
defined radio (SDR), in which communications systems are realised predominantly in 
software, providing cost advantages and a powerful reconfigurable architecture.
This trend of replacing RF components with DSP functions has also become 
evident in millimetre-wave communications systems. With conventional transceiver 
architectures, requiring the use of multiple IF stages, the unit cost may be prohibitive, 
even with large volume production. Moreover, the dc power consumption required by
Microwave Systems Research Group - © David KA Kpogla 1
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MMIC
Millimetre Wave 
Communication 
Transceiver
DSP Board
t
Baseband signal processing
Figure 1.1 Conceptual representation of novel DSP based millimetre 
wave communication transceivers
conventional RF subsystem designs puts a practical limitation on the use of battery 
operation [1-3].
Figure 1.1 shows the conceptual representation of a direct conversion 
millimetre-wave communication transceiver. The use of a millimetre-wave vector 
modulator with digital baseband signal processing has recently been shown to be a 
powerful technique for realising a simple but flexible transmitter [4-5]. The full study 
of this technique is a truly multidisciplinary subject that brings together many 
fundamental concepts of radio systems, DSP and microwave design.
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Software to implement digital signal processing can be organised in many different 
ways. In the early stages of developing a system, the emphasis is usually placed on 
making the first few programs work with a little thought given to overall software 
organisation. However, the software requirements of signal processing are somewhat 
different from those of general computing, where the available compiler and operating 
systems gradually become awlcward as the user is bogged down in data handling 
details. Therefore, it is expedient to devote some effort to design the software 
algorithm that handles the myriad of communication data, and details of signal 
processing.
1.2 Direct conversion MMIC transceivers
Until recently, digital communication transceivers have been using conventional 
superheterodyne methods to transmit and receive data. A typical conventional 
transceiver is illustrated in Figure 1.2. The transmitter usually consists of a fr equency 
up-conversion chain, a high power amplifier and the antenna [6]. The receiver part 
consists of an antenna, a low-noise amplifier and a down converter with one or more 
IF stages.
One of the disadvantages of a conventional architecture is that the up-conversion and 
the down-conversion require a conglomerate of complex devices such as filters, 
mixers and amplifiers, etc.
Direct modulation of the microwave carrier signal has been found to be a very 
attractive means of reducing hardware complexity in communication and radai* 
applications [7-8]. Figure 1.3 shows the diagrammatic representation of a direct 
conversion transceiver, showing a reduced number of RF and IF components. This
Microwave Systems Research Group - © David KA Kpogla
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cost effective teclmique is an alternative means of reducing hardwai'e complexity in 
microwave transceiver systems and applications with the following advantages:
1. Reduction of circuit size due to the fewer components.
2. Low power consumption due to the simplicity of the whole ti'ansceiver
3. Fewer bandpass filter requirements.
4. Flexibility to switch between different modulation schemes.
The maximum data rate depends on the speed of the DSP unit and Analogue-to- 
Digital (ADC) and Digital-to-Analogue (DAC) converters. Development of 
microelectronic teclmology has gi'eatly increased the speed of these components in the 
last 5 years, so that GHz clock rates are available.
Microwave Systems Research Group ~ © David KA Kpogla
Chapter 1 Introduction
N r Aritennci
L O ^ L O Signal
Processing
Figure 1.2 Schematic of a conventional MMIC transceiver
 ^^  Anterinci
90  °
Signal
Processing
Figure 1.3 Schematic of a direct conversion MMIC transceiver
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1.3 Digital Processing of Signals.
Digital processing is defined as any operation (mathematical) performed on a digital 
input sequence. Digital baseband processing basically requires a computer upon 
which to process signals. In addition the system must have a special board for Input / 
Output (I/O) and software to control the system.
Digital data processing is able to maximise performance by isolating itself 
fi'om the impact of the outside world's “messy” analogue nature [9], vyith signals 
becoming digitally represented, but with a vital real-time linkage to the natural data 
type via A-to-D and D-to-A conversion. DSP has always used a diverse range of 
mathematical theories, applications and also innovative technologies for 
implementing DSP in complex systems [10-11]. The fimdamental aspect of DSP is 
that the whole ti*eatment of the signal is based on processing a sequence of digital 
samples. Equation (1.1) express the mathematical model for the discrete waveform 
produced by sampling:
S A t ) = Y  (1.1)k=—<a
Where A is known as the sampling interval, and {t) the digitised (sampled) signal
that is the product of the original wave and the product of the so-called sampling 
sequence and 0 ( t -  /cA) is a train of delta impulses at equal time intervals A.
Microwave Systems Research Group - © David KA Kpogla
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Memory
Anthmetic
Clock
Figure 1.4 Block diagram of a set-up of a DSP system
The block diagram of a digital signal processing set-up (shown in Figure 1.4) is 
composed of an analogue-to-digital converter (ADC) that maintains the desired 
sampling rate and delivers at its output the signal in discrete form as a sequence of 
binary numbers with a fixed number of digit (bit) positions. After digitally processing 
the signal by addition, multiplication, and time shifting through a specified number of 
sampling intervals, the data is transferred to the Digital-to-Analogue converter 
(DAC). The physical realisation operating in real time is based on algorithmic 
programming of the processor. Whether one adopts frequency shifting, baseband 
modulation or demodulation, digital filtering [5] [12] as well as adaptive feedback or 
predistortion etc, the program (software) implementation is built upon well-known 
baseband signal modulation and processing principles. As an example of the type of 
application investigated in this work. Figure 1.5 illustrates the use of DSP for adaptive 
baseband predistortion applied to a simplified 60 GHz transmitter consisting only of a 
power amplifier and vector modulator under software control. By controlling only the
Microwave Systems Research Group - © David KA Kpogla
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baseband signals applied to the vector modulator, the transmitter can be linearised, 
can transmit different modulation schemes and can even change channels.
oscillator
Bisebaiid
Input
Pre-distorted
constellation constellation
Modulator
I
D/A D/A Look-uptable
CONTROLER
Output
Demodulator
Figure 1.5: High-integrated transmitter using direct carrier modulation
1.4 Advantages of direct conversion
The benefits of employing digital signal processing and the direct conversion 
millimeter-wave transceiver architecture include:
■ Reduced hardware complexity and cost
■ Increased flexibility and multifunction capability.
■ Minimal set-up time and low maintenance, with digital correction of impairments
■ Minimal selective components, giving tunability.
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1.5 DSP hardware
Direct conversion millimetre-wave signal processing offers good results when utilised 
widi advanced techniques for the realisation of MMIC-based millimeti'e-wave 
transceivers. The reliability is primarily concerned with using high-grade components 
(efficient software radio control, fast DSP boai'd, high performance devices), which 
obviously yield high perfoimance, fewer failures, and better overall system reliability. 
In this work, a PC was used for prototyping as it gives the ti'ansceiver system the 
capability of ease-of-use and reduces development time - the application is up and 
running quickly for the laboratory measurements. The data acquisition and baseband 
signal generation was accomplished using a National Instruments board. The rapid 
advance of computer technology over the last 5 years has had a dramatic impact on 
the way the DSP system can be built [4] [13]. The PC platfbim does, however, provide 
the user with greater flexibility in selection of both the DSP hardware and softwai'e 
components. Also, because of this flexibility, you can easily add additional input and 
output (I/O) capability to the existing installations therefore giving a new 
fimctionality to the system.
1.6 Thesis Objectives
The major aim of the work presented in this thesis is to investigate the use of 
baseband signal processing techniques applied to a millimetre-wave vector modulator 
to realise a direct caiTier modulation tiansmitter under software control. A major part 
of this work is on software algorithms for generating the in-phase (I) and quadratui*e 
(Q) components at baseband for driving the vector modulator, and this requires
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comprehensive characterisation of the vector modulator and predistortion of its 
transfer function to achieve a linear response which is essential for the signal 
processing to work effectively. The software algoritlims are then required to 
implement digital modulation and demodulation, prefiltering, fiequency shifting, 
digital predistortion and calibration of the modulator.
A final objective was to investigate a digital adaptive lineaiiser teclinique 
suitable for millimetre wave applications. The HPA linearisation teclinique is 
explored and the pre-distortion technique is implemented, but cost and equipment 
limitations prevented the integration of the complete system.
As mentioned before, the integration of RF and DSP functions is a 
multidisciplinaiy subject, rich in opportunities for innovative ideas. As a result, 
various other ideas have been investigated related to the main project. Two novel 
ways of realising a vector modulator have been demonsti*ated and an investigation has 
been made on Single Side-Band (SSB) Binary Phase Shift Keying (BPSK), which 
gives the same spectral efficiency in principle as QPSK without the complexity.
1.7 Thesis Outline
Chapter 2 reviews the chaiacteristics of baseband signals and constellations and 
establishes practical methods of digital modulation and demodulation. Also presented 
in Chapter 2 are two novel configurations for a microwave vector modulator.
Chapter 3 presents the baseband DSP algoritlmi using a digital to analogue converter. 
It also investigates a 60GHz transmitter using low cost software radio techniques.
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Chapter 4 presents characteristics of MMIC amplifiers, discusses the inter-modulation 
distortion and demonstrates the application of a Ka-Band even-haimonic quadratiu'e 
mixer using PHEMTs as resistive mixers in a direct conversion receiver.
Chapter 5 draws upon the development of spectral efficiency in millimeti'e-wave 
transceiver systems using mathematical method (Hilbert Transform) and presents a 
study of SSB-BPSK for telecommunication systems.
The sixth and final chapter summarises the work on the baseband signal processing 
for direct conversion applications, suggests the future work, and makes some general 
comments on the challenges of DSP for softwai'e radio applied to microwave for 
communications.
At the very end, the appendices present the details of the progi'amming algorithms and 
mathematics used in the project.
1.8 Thesis contributions
This thesis represents the first consideration of digital signal processing for a 
millimetre-wave transceiver using direct conversion. The important question, which 
this thesis endeavours to answer, is whether or not it is possible to implement digital 
signal processing for direct conversion millimetre-wave frequency at baseband level 
which is capable of satisfying the requirement of HPA linearisation by digitally 
implementing the predistortion technique.
1) Progi'amming algorithm and DSP method implementation to obtain the 
baseband signals.
2) Millimetre wave vector modulator linearisation in software.
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3) Demonstration of frequency translation and modulation at 60 GHz using 
software contiol.
4) Improved microwave vector modulator design teclmique using a simple 
teclinique to compensate for FET parasitics.
5) The proof-of-concept of the novel shifted quadrant microwave vector 
modulator.
6) Single-sideband BPSK digital modulation.
y Microwave Systems Research Group - © David KA Kpogla 12
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Chapter 2
Microwave Vector Modulators
2.1 Introduction
2.1.1 Principles of the microwave vector modulator.
This chapter is concerned with the principles and design of microwave vector 
modulators. It is necessary to fully understand them in order to develop techniques for 
generating the required baseband signals. The function of a vector modulator is to 
electronically vary the amplitude and phase of a signal over a complete range of 
values; typically 30dB of amplitude contiol is required, and 0-360 degi'ees of phase 
control. Two main configinations are used to realise this component: the phase- 
split/amplitude-adjust/combine and phase-shift/amplitude-adjust [14] techniques. In 
the fonner, the input signal is split into orthogonal channels, each one is amplitude 
controlled independently and the resultant is summed at the output. In the latter, the 
amplitude and phase are independently adjusted. The following sections will explore 
these techniques in detail.
Microwave Systems Research Group - ©David KA Kpogla 13
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2.1.2 Phase-split / amplitude-adjust / combine type.
The first approach to developing a microwave vector modulator is to use hybrid 
couplers to divide the input signal into equal-amplitude quadrature components [15]. 
Using a cascade of one branch line coupler and two rat-race couplers (Figure 2.1), it is 
possible to create a set of four orthogonal vectors in a two-dimensional phase space. 
By varying the amplitude of these vectors and combining them in-phase, the resultant 
signal can take any desired amplitude and phase, as shown in Figure 2.1.
Variable
R a t— race gain Wilkinson
co u p le rs  amplifiers combiners
coupler
Inp a
Figure 2.1; Schematic of phase-split / amplitude-adjust and combine VM
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Assuming an input signal of the form
S. =A (t) sin [ A) t + (t)] (2.1)
The couplers will split the signal into four components as follows
’'aW = -^^sin [û )i+ 0 W + y (5 -2 i:)]  k  = l,2  (2.2)
v,^ (t)= ^ ^ ^ si\\[M + 6{t)+ n Q ii-'i)'\ /c = 3,4 (2.3)
where c represents any losses incuiTed during the splitting process.
v,.^  if) is the signal in f '  input channel with k  representing the channel number.
Each one of these signal components is amplified or attenuated by an amount 
specified by the variable gaiiiG^’s and all foui' are summed by the three Wilkinson 
combiners.
The most significant disadvantage to this configination is the inherent loss produced 
by splitting the signal. The problem can be remedied by reducing the number of 
orthogonal paths from foui' to two. However, in order to acliieve the full phase range, 
bi-phase amplitude controllers are then required. Figure 2.2 shows the block diagram 
of a vector modulator using bi-phase amplitude contioilers. This is the most common 
foim of vector modulator, often called the “IQ modulator”, and double-balanced 
mixers are usually used to realise the bi-phase amplitude conti'ol function.
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coupler
amplitude
controller
amplitude
controller
Combiner
0°
90°
2 CHANNEL
Figure 2.2: Block diagram of a vector modulator using bi-phase amplitude modulators
2.1.3 Phase-shift / amplitude-adjust type
The second approach involves cascading a 0 to 360° phase shifter and a variable 
gain/loss element. Unlike the four-path vector modulator of the previous section, this 
configuration does not suffer from any inherent insertion loss penalties [16]. An 
analogue phase shifter can be realised using a 3dB quadrature coupler with reflective 
terminations. A signal entering at the input is split and fed into a pair of varactor 
diodes; the reflected components take on the reflection coefficient phase of the 
varactors and sum up at the output port. Thus, by adjusting the bias supplied to the
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two varactors, a range of insertion phases is possible [17]. However, to achieve 360 
degrees of phase control often requires several phase sliifters in cascade, and the 
theoretical OdB loss is not achieved in practice.
Inpu t Output k.
a  -  fixed /  ^  -  fixed
Figure 2.3: Schematic of a phase-shift/amplitude-adjust vector modulator (Alpha-phi 
type).
2.1.4 Amplitude Control
The vector modulator requires an analogue amplitude control element in order to 
adjust the output signal level. The controller can be active or passive and can be 
realized in different teclmologies. For the four-channel vector modulator 
configuration (Figure 2.1) an active amplitude controller is essential if some of the 
loss generated by the split and combine operation is to be compensated. The most 
common approach is to design a standai'd small-signal microwave amplifier with gain 
that varies as fiinction of applied bias. The variable gain amplifier (VGA), as it is 
called, can be realised using either HBT or PHEMT technology [7] [13]. However, 
certain measures must be taken to flatten the inherent transistor gain roll-off and to 
reduce the input and output return loss. The latter problem arises because it is 
impossible to match the ti'ansistor exactly at all bias states.
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When the alpha-phi type vector modulator configuration (Figure 2.3) is used, then it is
possible to use a passive amplitude controller: a variable attenuator. The main
advantage of this approach is greater bandwidth and flatter amplitude response. There
are two common attenuator configui*ations as shown in Figui'e 2.4, the T- network and
the -network. The variable attenuator can be created using either a PIN diode or a
field effect transistor (FET).
Unfortunately it is very difficult to get good input and output return loss in these 
configurations. Wlien changing the attenuation, the value of and must be 
adjusted by a very specific amount and so the terminal impedance will change and 
cause a mismatch. Another disadvantage of these attenuators is the requirement for 
two control inputs to adjust the two separate variable resistances.
By comparison, an attenuator based on a quadrature-hybrid reflection topology is 
much simpler. Referring to Figure 2.5, the device appears almost identical to the 
analogue phase shifter. However, instead of a reflective varactor diode temiination, 
the attenuator uses variable resistors in the form of cold FETs. To achieve the 
variable resistance, the FET is biased in the triode or linear* operating region.
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Figure 2.4: Variable attenuators, (a) T-network and (b) tu -network.
3dB
Q U AD RATU RE
O U TPU TINPUT
F E T
VABIAB1Æ
CO NTRO L
VOLTAGE
Figure 2.5: Variable attenuator, reflection type.
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2.1.5 Direct carrier modulation
Modulation refers to die modification of the signal’s characteristic in sympathy with 
another signal. This is the process by which the information (baseband) signal can be 
translated to high frequency for radio transmission. The transmitter generates a 
carrier and at least one of the parameters of the canier varies in sympathy with the 
baseband signal. The carrier then encapsulates the infoimation originally contained in 
the baseband signal [9]. The physical process by which the parameters of the earner 
are varied as desired is called modulation.
2.1.5.1 Phase shift keying (m-PSK)
In the context of phase shift keying the number of allowed phase state varies fr om 2 to 
4, 8,16... The phasor diagram is called a constellation diagram with “m” distinctive 
symbol states. The amplitude of the signal is constant and every state lies on a circle 
in the complex plane. For instance, for a 4- phase modulation signal (QPSK), the
phase of the symbols is equal to ;r / 4 , ^ ^ .
Figure 2.6 shows the constellation for 16 PSK and 64 PSK. In m-PSK modulation 
signal the phase state is determined using carrier recovery. Binary digits are mapped 
to the differential phase between adjacent symbols and each symbol is detected at the 
receiver. The principal characteristics are that each symbol of the m-PSK signal has 
identical amplitude to all the other symbols [18]. The specti'al occupancy of m-PSK 
depends on the bit rate and the pulse shaping and is independent of the modulation 
level (m). As shown in Figm'e 2.6 (b), the distance between symbols becomes very 
small for large m, meaning a good S/n ratio is needed.
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Figure 2.6: PSK constellation, a) for m =16; b) for m = 64
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2.1 .5 .2  Quadrature Amplitude Modulation signals (m-QAM)
By definition a quadrature modulation (QAM) signal achieves high specti'al efficiency 
by varying both the amplitude and phase of the carrier. This is done by independently 
varying the amplitude of two orthogonal caiiiers. Figm'e 2.7 shows the oscilloscope 
measurement result for the constellation of 4-QAM and 16QAM, (4-QAM is identical 
to QPSK). It is apparent that in general a QAM signal is given by the expression
S.(t) = r. cos{cot + 6.) (2.4)
With the amplitude r. and the phase 0^  are given by the appropriate combinations of 
the corresponding in-phase term and quadi*ature term.
The canier cos( ) is said to be amplitude modulated if it’s amplitude r. is
adjusted in accordance with the modulating signal, and it’s said to be phase modulated 
if 0^  is varied in accordance with the modulating signal.
In a multi-level modulation scheme the binary bit stream is mapped on to the 
constellation in an optimal manner. For instance, each of the M constellation points is 
assigned a unique N bit code, whereM = 2^ [5][19]. In 16-QAM, for example, each 
symbol represents 4 bits of data.
When two quadi'ature versions of the same carrier frequency are amplitude 
modulated, they can be added to produce a signal containing both modulations that 
can occupy the same bandwidth as one modulated carrier. However, the 
orthogonality means that symbols remain distinct in the time domain at a suitable 
sampling point.
If the two carriers to be added have the form:
smcoj and cos A?/
Then the sum will have relative amplitude and phase of
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Figure 2.7; QAM Constellations, a) for m = 4; b) for m =16.
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2.2 Vector modulator circuit design
For MMIC applications there are different possible device technologies available to 
the designer. Some of the most prominent ones used ai'e based on GaAs, including 
the pseudomorphic high electronic mobility transistor (PHEMT) and the GaAs hetero­
junction bipolar transistor (HBT) [20]. Either technology is capable of giving 
sufficient gain and efficiency to allow the development of higli perfoimance 
millimetre-wave circuits, for instance mixers, amplifiers, attenuators, and switches. 
Tliis capability is based on different factors, mainly the intrinsic electrical benefits 
offered by GaAs itself. The benefits include high electi'on mobility and semi- 
insulating substi'ates for low parasitic and monolithic integi'ated circuit compatibility. 
Moreover, PHEMT and HBT devices are fabricated using an advanced epitaxial 
growth technique, which enables the device designer to employ band-gap 
discontinuities called hetero-junctions.
These stmctures dramatically increase both tlie speed and gain of these devices.
A GaAs PHEMT process can produce schottky varactors, vaiiable resistors and gain 
blocks for variable gain amplifiers. Hence, it can easily accommodate either of the 
vector modulator configmations described already. The GaAs HBT process, on the 
other hand is more limited. It cannot generate an effective variable resistance. A 
variable capacitance is possible using the base-collector junction. The process 
tolerance tends to be rather poor [21]. This presents a problem for the analogue 
reflection topology because it requires near identical terminations at both of the 
coupler ports in order to obtain good input/output match. Thus the HBT is best suited 
to the first type of vector modulator configurations as it can easily realise variable 
gain amplifiers.
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111 the following section, the possible vector modulator configurations will be outlined
and some concepts for the amplitude controller are presented. The GaAs PHEMT
process is studied, as it appears to be the most suitable for the application.
2.2.1 Modulator implementations
Modulators for m-QAM and m-PSK may be implemented and designed using a 
variety of techniques. For instance, BPSK modulators could use an analogue or 
digital 180° phase shifter, but for m-QAM, a microwave vector modulator is required. 
m-PSK can be realised with a 360° phase shifter or a vector modulator.
The I-Q type modulators employing two orthogonal bi-phase amplitude modulators 
can be used for all these modulation types and has been widely adopted.
Usually the bi-phase amplitude modulators are realised with either double-balanced 
mixers (DBM) or reflection type attenuators (RTA). Because of the size of a double 
balanced mixer, MMIC implementations of I-Q vector modulator with DBMs can use 
a lai'ge chip space. Experience has shown that the most cost effective way is to use 
the phase shifter/vaiiable attenuator (PSA) type and the I-Q type with RTA modulator 
The latter is a simple technique and can be realised on a much smaller chip space.
It is important to note that, in the PSA type it is difficult to separate the amplitude and 
phase control: phase shifters do not give constant loss, and attenuators do not give 
constant phase. The I-Q balanced type with bi-phase reflection type attenuators seem 
to be much easier to implement [22] [23] [24].
For this type of modulator the baseband signals I and Q must be in balanced 
configuration (- In-phase I-complementary and quadrature Q-complementary). Any
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unwanted phase variation in the amplitude modulator can be calibrated out with a
look up table to obtain neai* perfect constellations.
2.2.1.1 Variable attenuators.
These can be designed using digital or analogue contiol techniques. Naturally, 
digitally contiolled attenuation has obvious advantages of compatibility with systems 
control. On the other hand, analogue attenuators have the advantage of simplicity and 
provide continuous amplitude control.
2 .2 .1 .2  Phase shifters,
A phase shifter is defined as controlled device, in which the insertion phase varies 
with bias. Its two characteristic features are [25] :
a) A flat relative phase shift frequency response, at all levels of relative phase 
shift.
b) Constant gi'oup delay.
MMIC phase shifters are implemented with either analogue or digital control. For the 
analogue type, the control of the phase is based on continuous control of a vai'actor 
diode capacitance. This gives significant advantages such as:
□ Possibility of recalibration after integration in to a system.
□ Correction of any degi'adation in performance to ageing.
□ No special foundry processing is required to realise high quality switches.
All these advantages malce analogue conti'ol devices suitable and convenient for 
microwave signal processing applications, software radio and radar systems 
although, some incompatibility may exist for pmely digital systems [25][26].
Microwave Systems Research Group - ©David KA Kpogla 26
Chapter 2____________________________________ Microwave Vector Modulators
For digital implementations, digitally conti'olled reflection-type phase shifter uses
switches for 0° to 180° phase shifter. The digitally conti'olled phase shifter presents
some disadvantages such as, the phase shifter fi'equency response will not be flat and
die length of transmission lines precludes full monolitliic integrated of the switched-
line topology at lower microwave frequencies
2.2.2 Principles of component design.
As illusti'ated in Figure 2.1, the four-channel vector modulator includes a set of three 
input couplers and three Wilkinson power combiners.
For economic reasons, it is expensive and wasteful to realise that many passive 
components in GaAs. A cheaper way is to use 0.010” alumina ceramic {s  = 9.9). 
However, the lower dielectric constant and greater thickness of alumina substrate 
means that a .010” (254//m) wide 50 Q line is almost 4 times wider than its .0028” 
(71 pm ) equivalent on GaAs. [27].
The phase-splitter and combiners are both designed using a three-step strategy [28]. 
As a starting point, the individual couplers ai'e simulated on Libra or HP ADS, using 
microstrip models for ti'ansmission lines, bends, resistors and jimctions. The critical 
dimensions of the circuits aie initialised accordingly and modified using optimisation 
tools. This compensates for the non-ideal nature of microstrip elements.
After completing the first step, the results ai'e acceptable, but often not optimal. The 
HP ADS optimisation followed by momentum simulation are then carried out.
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Once satisfactory results are obtained, this will account for all possible coupling
between circuit elements and provides the most realistic expectation of overall circuit
behaviom*.
In brief, the three steps are:
□ Single couplers are designed by using HP ADS.
□ Put the whole network together in HP ADS (but unwanted coupling is not 
modelled).
□ Momentum: simulation of the whole network
2.2.2.1 Phase splitter design
The phase splitter splits the input signal into four orthogonal components. The branch 
line coupler splits the signal into amplitude components, which are 90° apaif. The 
two components are then further divided into equal amplitude antiphase signals using 
rat race hybrids. The complete schematic of these components is shown in Figure 2.8. 
For the branch-line coupler, assuming perfect junctions and lossless transmission
lines, an impedance ratio of 1 to will yield an equal amplitude division between 
the two output ports.
Next to the branch line couplers are two rat-race couplers: circular rings with four
3 A /arms. The impedance in the ring is V2 Z^and its circumference is at the
centre frequency. This will ensure a good match, an even power split at the two 
outputs and a high isolation at the fourth port.
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P 4
Figure 2.8: Input phase splitter schematic.
2 .2 .2 .2  Wilkinson power combiner design
When the vectors have been amplified they ai'e added together using the output power 
combiner. The combining is realized in two stages by three separate 3-dB Wilkinson 
2-way power combiners. The schematic of the two-stage combiner is shown in Figure 
2.9.
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It is designed to add all of the input signals in phase and simultaneously keeping 
good input/output matches and high isolation between input ports.
The 3-dB Wilkinson power combiner consists of two quarter wavelength sections 
with characteristic impedance of ^^2 *Zq and a 2*Zq Q shunt resistor.
The role of the resistor is to prevent a signal injected at one input from appearing at 
the other, isolating the two ports. The current going through the resistors should be 
zero at the central frequency only when identical signals are input to the two ports 
(i.e. equal amplitude and phase). In the vector modulator this is not the case and there 
is thus a combining loss.
Figure 2.9: Output combiner schematic
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2.2 .2 .3  Balanced modulator configuration
The balanced I-Q type vector modulator is shown in Figure 2.10. This has been 
widely reported by different researchers in the field of microwave design 
[29][30][31]. The key component of this device is the reflection type variable 
attenuator based on two-PHEMTs comiected to the coupled and direct ports of a 
quadi'ature coupler. A signal entering the input port of the quadi'atiue coupler is 
divided into two equi-amplitude orthogonal components. These components are then 
reflected back into the coupler by the PHEMTs and depending on the voltages applied 
to their gates, the impedance will vary between a small resistance and a large 
resistance in parallel with a parasitic capacitance. If the same bias is applied to both 
devices, the vaiiable reflected signal will appeal* only at the isolated port of the 
coupler and be cancelled at the input port. The paiasitic effects m the active devices 
implicitly require a better solution by using a balanced modulator with a tai'get of 
removing the amplitude and phase error. This type of modulator utilizes two 
reflection type modulators. The input signal is split using two couplers into two 
branches, and a complementary control voltage is used for each branch.
The complete vector modulator is realised by splitting the input into orthogonal 
channels, attenuating each one independently and summing the resultant. Since each 
one of the attenuators can provide inverted and non-inverted signals, a pair of them 
connected to the direct and coupled ports of the quadrature coupler will form the axes 
of a two-dimensional amplitude-phase shift space that spans all four quadrants. The 
summing is achieved using a 2-way power combiner.
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Figure 2:10 Schematic of the I-Q balanced vector modulator using RTAs
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2.3 Novel microwave vector modulator techniques
As yet, no vector modulator topology can offer simultaneously the best performance 
in teims of low inseition loss, good lineaiity, and simplicity. This is particular* true for 
MMIC designs, where devices such as PIN diodes, often used in vector modulators, 
are not usually available to the designer. Therefore, there remains a need to 
investigate altei*native techniques, which can improve performance without increasing 
complexity too much. Two techniques are presented in this section. The first, at 
circuit level, is concei*ned with compensating for FET parasitics in the RTA. The 
second technique, at the more flmdamental block-diagram level, is to realise a new 
solution, which needs only two variable gain amplifiers to realise a full four-quadrant 
vector modulator.
2.3.1 Improved RTA with FET parasitic 
compeusation
After intensive analysis of the effect of FET pai*asitics on the RTA [32], experimental 
deductions have been made that in practice parasitic elements (junction capacitance, 
source inductance, etc) are a major source of phase and amplitude error, which 
restiicts the application of the vector modulator. Wliile the vector modulator based on 
the balanced structure theoretically achieves on 3dB minimum insertion losses, in 
practice the insertion loss can be increased considerably due to the combined losses of 
hybrid couplers [29-30]. An effective study of the effect of ti*ansistor pai*ameters on 
the modulator perfoimance by assuming that the quadrature hybrid coupler is ideal is 
used to propose a new teclmique to improve the RTA. This work was cairied out in
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collaboration with M.Chongcheawchamnam (a colleague in the research group), and
resulted in a journal paper: - IEEE Transactions on Microwave Theory and
Techniques (Volume 50, number 6 - June 2002). The author’s main duty in this
investigation was to design the vector modulator at 1.8 GHz (See the photograph of
the improved vector modulator on the page 38: - and more detailed design is
described in list of author’s publication number 2).
The technique presented here is to compensate the FET parasitics in the vector 
modulator using two distinctive elements.
The cold FET is operated at zero drain-source voltage and the gate -drain and gate- 
source capacitances represent the variation in depletion charge with respect to the 
applied voltage.
Ideal
variable R
Practical FET
Bi-phase attenuator non-ideal behaviour
Figure 2.11: Effect of parasitic capacitances on the
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Figure 2.11 shows the effect of parasitic capacitances on for an FET. The
capacitance causes the phase trajectory of F^ . at pinchoff voltage to deviate horn the 
real axis. Also, the on state resistance gives higher loss than in the off state 
(pinchoff). Tills F^ characteristic is not suitable for a bi-phase and vector modulator 
implementation. Therefore the following steps are proposed to compensate the FET 
parasitics in the vector modulator.
□ Firstly a source inductance is introduced. Figure 2.12 shows the effect of additional 
source inductance varying from = 0 to =3nH on the Smith chart {L^is an 
external series of inductance), which moves the left half of the F  ^ trace to the upper 
half of the Smith chart, whilst only causing a small change in F  ^ at the bias neai* to 
pinch-off voltage ( ). By optimum choice of this added inductance, the phase
difference can be set to 180°. The effect of external inductance on |Fj.| is obtained if 
an external series inductance is deliberately applied, comiected at either to the 
drain or the source.
□ Secondly, a shunt resistor is intioduced to equalise the magnitude of Fy. at 
Fg,= 0 and pinch-off.
The amplitude imbalance between = 0 and = Vj.^  occius due to the existence
of small parasitic resistances at the drain and source which will dominate when the 
FET is zero biased. To correct this, a shimt resistor is applied at the drain to reduce 
the overall impedance when the FET is biased near to pinch-off. This decreases the 
|Fj,| at the pinch-off to very nearly the |Fj.| value obtained when zero gate-source bias 
is applied.
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Figure 2.12: Effect of additional series inductance, on [33]
The full schematic diagi'am of the proposed improved technique for vector modulator 
is shown in the Figure 2.13. This modified RTA gives improved performance and can 
be used as a bi-phase amplitude modulation in the VM without resorting to the large 
balanced topology.
Applying this structure to a complete vector modulator, the full 360° phase rotation is 
achieved with very few additional components. It should be noted that the nonlinear 
phase and amplitude-tuning characteristic can be coirected. One possible approach to 
correct this problem is by applying a predistortion function, which is straightfoiward 
to implement in software or by applying predistortion circuitry.
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Figure 2.13: The proposed vector modulator
2.3.1.1 M easured  P erform an ce
The implementation is performed with a packaged device (Siemens CFY30) which 
has = 12  GHz. All the circuits were realised on printed circuit board (PCB), 
using microstrip transmission lines. The substrate is epoxy glass
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(A; = 0 . 6 m m , = 4.55,F R - 4). All hybrid couplers are realized using two 8.4 dB
couplers connected in a tandem fashion [16] to obtain a 3-dB coupler. A complete 
vector modulator based on the proposed technique is constructed. Figure 2.14 shows 
a photograph of the vector modulator. The lumped elements on the PCB are surface 
mount (type 0805). The small external inductors are realized by a microstrip line by 
taking the via hole inductance into account {\mm % \nH ). Using parallel via holes 
minimizes the parasitic inductance of these via holes.
The measurement was performed with an HP8510C network analyser test system. 
Figure 2.15 shows the measurement results of the vector modulator using the 
proposed technique. The dynamic range of the vector modulator is from -5.2 to 34 
dB and full 360° phase rotation is achieved for this vector modulator. The amplitude 
and phase imbalance at 1.8 GHz are well below 0.4 dB and 3° [32][33].
Figure 2.14: The photograph of the improved vector modulator [32]
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Figure 2.15: Measured S'jjOf vector modulator at 1.8 GHz using the proposed 
technique [32]
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2.3.2 Novel shifted-quadrant vector modulator
The four-channel vector modulator [3][14] has a major advantage because the 
amplitude modulators can be simple variable gain amplifiers or variable attenuators, 
which have good lineaiity. However, it has disadvantages in teims of chip space, 
manufacturing cost and considerable inherent loss. Fuithermore, it requires four 
baseband signals and for high-speed applications the cost of the required DACs is 
very significant. The two-channel (I-Q) modulator is conveniently compatible with 
digital modulation schemes, but the requirement for bi-phase amplitude controllers 
leads to the use of circuits such as mixers, which have poor linearity.
A novel solution is presented here, termed the shifted-quadrant vector modulator. 
Here, one pair of orthogonal channels is generated with variable gain amplifiers (or 
attenuators). This creates a single quadrant in the IQ plane, and a third fixed vector is 
used to shift this quadrant and centre it on the origin. Figure 2.16 shows the schematic 
of the vector modulator. The vector modulator is comprised of several RF 
components: For the Quadrature (Q)-channel (90 degi'ees) and the in-phase (I)- 
channel (0 degrees), two amplifiers with variable gain (VGAl and VGA2) are used 
and one auxiliary amplifier is used to create the fixed quadrant-shifting vector (225 
degrees). To constnict a demonstrator using connectorised modulator components, the 
circuit also uses a mechanical phase shifter and variable attenuator for timing the third 
vector.
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Figure 2.16: Schematic of the shifted-quadrant vector modulator.
2.3 .2 .1  A nalysis:
Assuming the input signal can be expressed as:
Vji^ —Acosmt (2.5)
And considering the input signal has a spectmm given by the following expression: 
ip ) = io))\ exp jOiû)) (2.6)
The transmission coefficient of the phase shifter 0  needs to be considered. The 
compensation branch controls the centime position of the output amplitude and phase 
response and consists of an auxiliaiy amplifier, the phase shifter 0  and a variable 
attenuator. For convenience, the gain of this whole branch is defined as VGA3.
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Each amplifier’s transfer function is expressed as follows:
(2.7)
Where for the /c'^ ' amplifier, //. (a)) is the gain of a given k amplifier and represents 
the gi'oup delay.
Assuming I and Q ai'e set to be in the range 0 to 1, the output signal for an input 
signal Vji^-Azosot can be expressed as: -
Voi,t=AaJj Icos(û)t) + Qsm(d)t)+^^ cos(û)t-^ir) + j^ ^ s in (û ) t-~ ^ )  (2.8)
a  represents the total splitting and combining losses: further work is required to 
investigate the optimum topology of this technique in order to minimise combining 
loss and maximise the output 3^  ^ order intercept. The fixed vector is 3dB lower than 
each I/Q vector, and this is simple to implement with a variety of coupler and power 
splitter combinations. Recently, techniques for realising a 45degree power divider 
have been demonstrated, for application in haimonic mixing, and this can be applied 
to create the 225 degree vector.
2.3 .2 .2  M easu red  R esults:
The modulator was set up using two MiniCircuits vaiiable gain amplifiers, with 
appropriate power splitter/combiners. The fixed branch was implemented with a 
mechanical phase shifter, variable attenuator and amplifier. Figure 2.17 shows the 
measmed tiansmission response of the vector modulator at 2GHz for a selection of 
bias points, and confirms that a squared constellation centred on the origin is achieved 
after tuning. Figure 2.18 shows the intercept diagram obtained by injecting a two-tone
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RF signal into the modulator. The 3^^-order output intercept point of 25dBm is very
much higher than that of most vector modulators using mixers.
It has been shown that the four-channel vector modulator can be reduced to two 
channels using the “shifted-quadrant” approach. This compromise solution needs only 
simple variable attenuators or amplifiers and has only two vaiiable channels. It is 
expected that this could be of particular' interest in RFICs, which normally use the 
Gilbert cell modulator, which has very limited power handling.
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Figure 2.17: Transmission response of the shifted-quadrant vector modulator at 2 GHz 
for various I/Q bias points
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Figure 2.18: Measured intercept diagram for the vector modulator at 2GHz
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2.4 Summary
This chapter has explored different ways of designing microwave vector modulators. 
A brief discussion of the microwave vector modulator for direct carrier modulation in 
commmiication ti'ansceiver has been given. Technically, the I-Q type vector 
modulator with reflection topology attenuators (RTAs) has great advantages 
compared with phase-shift/attenuator (PSA) type vector modulator.
The result of an analysis of the effect of cold-FET parasitic elements on the bi-phase 
modulator and vector modulator has been described. A new simple technique to 
coiTect the phase distortion and extend the dynamic range of attenuation has been 
developed. The asymmetry of modulator insertion loss between the two bias 
exti'emes, = 0 and near* the pinch-off, is also coiTected by simply adding a shunt
resistor. Simulation and experimental results demonstrate the effectiveness of the 
proposed technique.
A new “quadrant-shifted” vector modulator has been inti'oduced for the first time and 
published in the lEE Electronics Letters (Volume 39 Number 14 - July 2003). It is a 
compromise between the four and two-channel vector modulators: it requires only 
two baseband signals (I and Q) but does not need bi-phase amplitude modulators, so it 
has great potential for ftu'ther development.
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Chapters
Software-Controlled MMIC Transmitter
3.1 Direct conversion MMIC transmitter
The integrated RFIC/MMIC ti'ansceiver with DSP control is a very exiting prospect 
for a miniaturised radio system and forms an important part of the worldwide activity 
in softwai'e-defined radio (SDR), hi this chapter a 60GHz ti'ansmitter demonsti'ator 
has been used to demonstrate a variety of modulation schemes. A MMIC vector 
modulator is used with software that generates the required I and Q baseband signals. 
The various modulation schemes signal processing and the correction for modulator 
non-ideal behaviour aie all implemented at baseband level in software. This 
demonstrates the gi'eat flexibility of applying digital methods of signal processing to 
microwave systems. With DSP and software-controlled algoritlims, one can design a 
software-configurable, low-cost and very efficient transceiver [34].
The architecture of a direct conversion transceiver is surprisingly simple with only a 
few building blocks, as shown in Figure 3.1. The core building blocks are MMIC
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power amplifier (PA), low noise amplifier (LNA), up and down-converting mixers, a 
high speed DSP engine, and DAC and ADC data converters. With digitised signals, 
DSP tasks for the direct conversion transceiver include pulse shaping, modulation, 
demodulation, linearisation, frequency translation, advanced software management 
tasks, and calibration of the in-phase and quadrature (I/Q) components of the signal. 
This work has focussed on pulse shaping, modulation, demodulation, linearisation and 
frequency translation.
Antenna
V
A I D  m
^ D uplexer
Interface
Figure 3.1: Direct conversion transceiver.
A
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3.1.1 Pulse shaping
To maximize the data transmission rate and spectrum efficiency, one must shape the 
data pulse modulating the carrier signal. For more advanced and complex signals, for 
instance m-PSK and m-QAM, a raised cosine filter is employed. The proposed 
approach is the pulse shaping principle that makes use of a lookup table, which holds 
the pre-calculated values for the impulse response of the desired filter.
3.1.2 Data demodulation
The demodulation principle is called the I IQ  demodulation method where the 
received signal is split into two equal components. One component is multiplied with
the reconstructed carrier signal, the other with ^ ~  " shifted, reconstructed earner [34-
35]. After filtering, this multiplication delivers the / and Q components of the 
baseband signal which is distorted. These demodulated signals can then be rt/D  
converted and ti'eated using progi'amming algorithms to decide which symbols where 
originally sent.
3.1.3 PA linearisation
The pulse shaping and multi-level modulation are wasted if the waveform is distorted 
after passing through the transmitter [36]. Using DSP techniques we can more 
efficiently and effectively predistort the waveform of the signal fed into the PA. 
Nonlinear distortion can be thought of as the creation of undeshed signal energy at 
frequencies not contained in the original signal. Therefore, linearisers are needed to
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increase the HPA’s power capability and efficiency. Lineaiisers can greatly enhanced 
perfoimance and can provide excellent stability and reliability. Usually, in a 
baseband predistortion linearisation system, a lookup table strategy is involved. The 
adaptive baseband predistortion is the best-suited lineaiisation technique for DSP- 
based transceivers. The DSP-based adaptive baseband predistortion can gieatly 
simplify the implementation of the high power amplifier linearisation.
3.1.4 A/D and D/A conversion
Many manufactui'es, including Texas Instrument (TI), Analogue Devices (AD), are 
competing aggressively in the aiea of high-speed digital conversion. The route that 
maintains full flexibility of design is to implement the mixing and sample rate 
conversion processing in softwai’e, using high-speed DSP or user- programmable gate 
arrays. The real time data processing is a very important issue in the world of digital 
signals, where A/D and D/A conversion play an important role.
The A/D converts an input analogue signal into a digital representation to be 
processed by the digital signal processor; the D/A perfoiins the reverse operation of 
the A/D. The D/A’s output is first passed through an internal lowpass filter to 
produce an output analogue signal.
In brief, high speed D/A and A/D converters are needed to fully exploit the power of 
DSP, which gives the designer a range of possibilities to implement efficient 
software-controlled algorithms, that can easily change modulation, switch between 
channels, and modify the data rate and the channel frequency, etc. This capability 
assists in maintaining the flexibility of a software-defined radio.
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3.2 Algorithm implementations
3.2.1 Algorithm programming with Matlab
3.2.1.1 Phase Shift Keying
The phase-shift-keying modulation is a digital modulation system in which the data 
switches the carrier phase between various discrete and equi-spaced values.
Figure 3.2 describes the principle and algorithm of the flowchart used for 
programming the m-phase shift keying signal. The baseband at the input is obtained 
from a Digital to Analogue Converter D! A board, which was programmed to 
provide different levels of PSK signals.
I N P U T
0
1 0 1 0 1 0 0 0 1 1 1 0 1 0 1 1 0
I  = COS 9
c  = sin 0
m - PSK
FLOWCHART
DIAGRAM
IMPORT d ata  file
A llocate Buffer
Update do ,C hannels 
& Data Rate
1 : Data signal obtained using matlab 
2: Output signal using C/C++.
D/A* = National instrument Board. D/A* O utput
D/A* FUNCTIONS
Figure 3.2: Algorithm for programming m-PSK signals
%
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The strategy used is fairly simple in the sense that the vaiiation of the phase 9 in the 
in-phase and quadrature component, respectively I  and Q , are embedded with the 
carrier signal parameters. This transformation gives digital data, which are processed 
in C/C++ and interfaced with the D/A converter.
The theory behind this flowchart diagram is that it causes a given phase to modulate a 
carrier cos(<y^Q [18]. Two new signals are created, cos0(Q which is called the in 
phase component I{ f ) , and sin , the quadratui'e component Q{t) .
These are multiplied by -AsincoQt and A coscOgt and added to produce the 
modulated carrier:
S(t) = Acos[û)Qt + 0 (0 ] = AI(t) cosû?Qt -  AQ(t) sin û?Qt (3.1)
Therefore, the PSK baseband signal using software-contr'olled techniques is obtained. 
A sketch of the complete algoritlun is given, and the results of data constellation of 
the generated signal are represented in Figme 3.3.
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3 .2 .1 .2  Digital QAM Signals
The algorithm programming for QAM signals is similar to the one shown in Figure 
3.2, and is based on a method of grouping a number of bits together into different 
amplitude levels.
By definition, a Quadrature Amplitude Modulation (QAM) signal is interpreted as 
having multilevel amplitude modulation. This signal can be considered as being 
generated by two amplitude-modulated signals in quadratiue. Therefore, for QPSK, 
16QAM, 64QAM, 256QAM, we have respectively 2, 4, 8 and 16 levels with all 
points in the constellation equally spaced [37].
It is apparent that a general QAM signal is given by the expression
S i (t) = r . cos(co t + 9.) (3.2)
With the amplitude r. and phase (9,. given by the appropriate combinations of the 
corresponding in-phase term, and the quadrature term.
The algorithm used to progi*am multilevel QAM using the D-to-A converter generates 
different DC levels. The voltages can be set to be rmifomily distributed 
pseudorandom, constant DC voltages, or pre-distorted and must fit within the range of 
the converter. The options were progr ammed in order to allow a range of tests to be 
made on the millimetre wave modulator using either a spectrum analiser (for- 
modulated signal) or a network analyser (for static constellations). The following 
Figure 3.4 shows the experimental results of different m-QAM constellations at 
baseband.
%
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3.2.2 Baseband digital signal program
This program performs a pseudo-random, pulse-shaped waveform generation. It can 
generate up to three different random pulse trains and their complementary signals, up 
to thi'ee equal random pulse train and their predistorted complementary signals (that is 
to say one random pulse train and the complementary waveform repeated for up to 
three different pairs of output channels) or up to six equal random signals with no 
matched complementary whatsoever. The algorithm applied to design these multi 
level signals is shown in Figure 3.5.
The signals ai'e generated by means of a National hrstmments AT-AO-06 data board, 
which has six analogue output channels. The AT-AO-06 board can read data from 
memory and output this data as an electrical signal. The data the board reads 
represents the voltages to be output fi'om the available channels. These voltage values 
must range from -10 volts to +10 volts.
The AT-AO-06 board cannot generate voltages outside of these specified limits, and 
the voltage values are shown on the screen with a 3-digit precision.
Two voltage values closer than 0.0488 (volt) cannot be discriminated and 
consequently cannot be generated by the AT-AO-06 board.
The program allows the user to set up the output voltage values one by one or to use 
one of two implemented functions. Once this has been done by means of the foinrer 
methods, the voltages can also be timed, or finely modified one by one, in order to get 
this desired values so that the signals generated can meet exactly the user requirement. 
When choosing the values to be output, the user has to supply them; he or she has to 
input twice as many real numbers as levels.
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TUNING SETUP
Signal levels,number of Channels,Data Rate 
DC voltage update. Frequency
DECIDËRANDOM 
GENERATION
Non Random & Random Equatlon,Random fill 
Buffers,Random Complementary Equation
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RANDOMIZE
D/A* FUNCTIONS )/A* OUTPUT
Figure 3.5: Algorithm for programming m-QAM signal.
A
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That is, the user has to provide the progi*ani with a group of voltages in order to build 
the constant DC pulses. Regarding the output voltages, any voltage values that build 
the signals for any given pulse should have an even number of output voltages or 
levels (for the remaining of this chapter, this number of voltage values per signal will 
be referred to as levels, or levels per signal). No odd number of levels of par ameter is 
allowed. Obviously, a signal and its complementary form have the same number of 
levels, but not the same voltage values.
Therefore, when generating constant DC or predistorted complementary pulses, the 
constant DC signals share a default or user-defined set of voltages, and likewise for 
all the complementary signals. Both groups of voltages are totally independent and 
exclusive. Each value in one set has its own and unique associated predistorted value. 
If one pulse is created with a voltage belonging to one of these two sets of pulses, then 
this pulse can only be kept on generating continually. Similarly, as for the 
complementary signal, it can only be built by means of the given values.
The procedur e for running the program is detailed in the Appendix A with elaborate 
algorithm programming and results.
The user can also change the starting data rate (in bits per second or bps) for the 
generated data. The highest possible rate is 500 kbps although the digital waveforms 
have a considerable distortion with such a data rate. The highest rate with no 
distortion would be around 150kbps or 200kbps. In most cases, the highest data speed 
with no distortion depends on the signals implemented, (number of pulses and levels 
per pulse) and on the use requirements for the standards (e.g. some distortion types 
may be not important or insignificant for a particular application).
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As a result of the capacity of generating random pulse-shaped signals and their 
complementary associated wavefomis, as well as to increase or decrease the data rate 
and to tune the output voltage values, the program is an excellent tool for the 
generation of digital signals. It suits any kind of PAM digital modulations, making 
the generated signals capable of being applied to a modulator as data input.
The tuning operation allowed QAM signals like those shown in Figure 3.6 to be 
obtained.
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Figure 3.6: Complementary Baseband Signal a) for 256QAM: b) for
64QAM
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3.3 60GHz software-controlled transmitter
In this section, a direct-caiTier modulation, medium-power, millimeter-wave 
transmitter operating at 60 GHz and employing a fîxed-frequenoy Gunn-diode 
oscillator is presented. Software-controlled techniques are used to manipulate the 
baseband signal (for example, controlling the bit-rate, modulation teclmique, 
prefiltering, linearising by digital predistortion and small-shift frequency translation). 
In the first part, the basic concept of utilising a Gunn oscillator with a vector 
modulator is to acliieve a low-cost millimetie-wave ti'ansmitter. Teclniiques of 
prefiltering and linearisation, using predistortion, are applied to the balanced 
modulator in order to produce a spurious-fiee signal spectmm. This was the first ever 
demonstration of digital predistortion and small-shifting frequency translation using 
software radio for a direct-cairier transmitter at V band. This investigation was a joint 
effort with M. Chongcheawchamnan, a colleague in the research gi'oup, and resulted 
in a paper at the prestigious IEEE International Microwave Symposium (the detailed 
design and implementation are described in lists of author’s publication number 4).
3.3.1 Architecture
Figure 3.7 represents the architectui'e of the low-cost, direct-carrier [2], millimeter- 
wave transmitter. The Gunn oscillator is connected to a multilevel balanced vector 
modulator [38]. Since a Gunn oscillator can generate a relatively high power signal, 
no power amplifier is necessary in many short-range wireless systems. Since the cost 
of a MMIC power amplifier is still high, this leads to a more competitive solution.
W J
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With a balanced vector modulator, four baseband signals are generated by a D-to-A 
card under software control, and fed into the modulator chip providing the IQ signals.
GUNN OSCILLATOR
VECTOR
TO
ANTENNAMODULATOR
Digital Predistortion
Spectral Shaping 
FilterModulation DSP BOARD
iit-Rate Selection
Channel Selection
Figure 3.7: The proposed simplified millimetre-wave transmitter architecture
3.3.2 Spectral shaping filter and digital predistortion
An analogue reflection-type attenuator, operating at 60 GHz, is chosen. A single 
modulator cannot be applied to direct-carrier applications, due to the LO leakage and 
the effect of nonlinear components, which produce a nonlinear amplitude and phase 
distortion in the modulator. One technique to overcome these problems is by applying 
a balanced topology using another amplitude modulator, operated at a certain offset 
from the first modulator bias (using a complimentary bias). This technique can 
alleviate LO lealcage and phase distortion but not amplitude distortion effects, which 
can produce in-band and out-of-band specti'al distortion. Additionally, with a balanced
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topology, there are concerns relating to the amplitude and phase imbalance for the 
output combiner and 90° hybrid couplers [38].
Processing the signal at baseband can alleviate all these effects. The effect of 
amplitude distortion in the modulator can be coirected at baseband. The digital 
predistortion technique is chosen due to its simplicity and because it provides good 
performance for moderate power applications with similar power efficiency for the 
transmitter. This technique requires a priori infonnation about the transfer 
characteristic of the nonlinear component to be linearised.
In the modulator, each PHEMT device is biased with a zero drain-soiuce voltage, 
while the input baseband signal is applied to the gate. This provides a large dynamic 
range of output resistance for the modulator but it is not linear. The gate-source 
voltage signal changes the junction resistance and capacitance, which, in turn, causes 
the driving-point impedance at the drain to vary from a low to large impedance. The 
imaginary part of this impedance is negligible since the gate-source capacitance of 
cold-FET is comparatively small.
Consequently, the simplified model of such a modulator consists of a nonlinear drain- 
source resistor only. The transfer function of the bi-phase modulator is an s-shaped 
function of the input baseband signal. One may obtain a linear modulator by 
predistorting the baseband signal using the reciprocal function of the s-shaped 
transfer function with a targeted function as linear equation. Cascading the 
predistortion block after spectral shaping preftltering, one will obtain a signal with 
significant distortion reduction with a simple implementation predistortion technique. 
The original and linearised response of one channel of the 60GHz modulator is 
shown in Figure 3.8.
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Figure 3.8 Transfer characteristic function of the 60 GHz vector modulator with the 
corresponding predistortion function and the output after linearisation.
3.3.3 Frequency shifting at baseband
Channel control can be achieved by tuning the LO signal, or by controlling the 
baseband. Here we present a transmitter architecture using the baseband signals to 
switch channels. The serrodyne [39][8] technique involves using a 360° phase- 
shifter and injecting a sawtooth control signal producing a sawtooth phase varying 
from -180 to 180°.
The fundamental frequency of the sawtooth signal is related to the shifting frequency 
from the carrier frequency, which is:
^  (3.3)
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Where S[t] is the sawtooth function with unit amplitude. A simplified approach can 
be achieved by implementing the seiTodyne technique in software.
The vector modulator can reproduce this function, if the I and Q signal are chosen so 
as to give a continuous circular rotation around the constellation (i.e. linear phase 
shift vs time). It turns out that a sine/cosine I Q pair is needed to do this, and the
whole arrangement is the same as the well-known phasing-type single sideband
modulator.
The I-Q modulation signal for driving a balanced I-Q modulator is given by the 
following form:
Vg =1^7- /  j  sin +1^ 0 -  g j cos co^ t (3.4)
If the transmitter signal is shifting by % but the baseband information is unchanged, 
then the output can be widtten as
o^shift = ( /  -  T)sin[ 6D, + Ü) + (6  -  6 )cos[ Ü), +Ü) (3.5)
Equation (3.4) and (3.5) provides the four baseband signals for controlling the 
channel at spacing, co^ , from canier signal:
I^ -  I  QOS (O +  Q sin CO J  (3.6)
Q  ^ -  Q cos CO ^t + I  sm co J  (3.7)
^  ~  ^ s  ^  ^offset (3 .8 )
Q ^Q s+ ^ffse t (3.9)
Where subscript s stands for the serrodyne. Applying (3.6)-(3.9), a new channel 
selection technique implemented at a baseband level is achieved.
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3.3.4 Measured results and discussion
A Gunn oscillator from Milltech was used to provide a fixed 60 mW carrier at 60 
GHz. The vector modulator MMIC chip was designed by Professor I. D Robertson, 
using the Mai'coni H40 process and is shown in Figure 3.9. It was mounted on a 
Cascade™ Microtech Summit 9000 analytical probe-station for the measurements. 
The modulator was designed around the 4x60 \xm device, operating at zero drain- 
soui'ce voltage bias. A harmonic mixer was connected to a HP8563E spectmm 
analyzer via a fixed 40-dB attenuator throughout this experiment.
The foiu-channel baseband signals were fed from the D-to-A card, controlled by 
software programmed in C++ [40][41] and MATLAB™ [42].
Figure 3.10 shows the output signal from the system with a BPSK signal without any 
processing. A 20 mW output power is achieved with this transmitter.
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2.00 m m
Figure 3.9 Photograph of the 60GHz modulator chip, which was designed by I.D 
Robertson
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Figure 3.10 Unfiltered 5Mbit/s BPSK output spectrum from the proposed system
Figure 3.11 shows the measurement result of the output signal spectrum before 
applying digital predistortion. This is compared with the output spectrum after 
applying digital predistortion technique (Figure 3.12). The PN23 baseband signal is 
obtained from the A/D card and pre-filtered by using a square-root raised-cosined
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filter with a shaping factor a= 0.5. It is clearly shown that the spectral regrowth 
obtained in the predistorted case is 12 dB less than the impredistorted signal.
Figure 3.13 shows the output signal of the complete multifunctional system for two 
different channel settings. This demonstrates successful integration of the spectral 
shaping filters, digital predistoition, and frequency shifting within a single 60 GHz 
modulator. Frequency translation is demonstrated in Figure 3.13. A 20-dB sideband 
rejection is achieved without using any external components.
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Figure 3.11: QPSK output spectrum before applying digital predistortion technique
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Figure 3.12: QPSK output spectrum after applying digital predistortion technique.
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Figure 3.13: Output spectrum before and after applying small-shift frequency 
translation using the serrodyne technique
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3.4 Summary
In this Chapter the great flexibility of using DSP applied to a MMIC vector modulator 
has been demonstrated. A wide range of functions can be implemented in the digital 
domain and new algorithms that fully exploit these advantages have been developed. 
Algorithms for generating the baseband signals (m-QAM, m-PSK) have been 
developed in both Matlab and C/C++. The simplified transmitter architectui'e is 
proposed and successfully implemented at 60 GHz.
The circuit is composed of a stable oscillator and a vector modulator chip. The 
baseband signals are obtained from the DAC card, where it was possible to implement 
several functions such as variation of data-rate, changing modulation scheme, 
applying wave shaping, baseband predistortion and frequency shifting.
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Chapter 4
Adaptive Transmitter Linearisation
4.1 Characterisation of amplifier distortion
Even the most “linear” class A power amplifier will generate harmonics, 
intermodulation products and other unwanted signals [35]. An increasingly popular 
linearisation technique is to use DSP teclmiques to predistoit the baseband signal 
using a look-up table, which stores the correction factor for Üie amplitude and phase 
of the signal at any PA drive level. Because the PA characteristic is not stable enough 
for the process to be purely open loop, a feedback path from the PA output is 
therefore usually employed to allow the PA distoition to be measured and the look-up 
table updated.
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4.1.1 Amplifier nonlinearities
By definition, amplitude-amplitude (AM/AM) conversion describes how a device 
transfers the amplitude of a carrier from the input to the output [3 5] [43]. This relation 
is illustrated by the following equation:
(4.1)
Wliere G is the complex level-dependent gain of the device. The input amplitude or 
the instanlnneous input power specifies the exact value of G. AM/AM 
characteristics are assessed by observing the device's amplitude response to single, 
double and sometimes triple-tone test signals of varying amplitude. Based on these 
measurements, it is possible to fit a power series expression which can predict how 
the device will respond to other more complex signals.
When a single tone is injected into an amplifier, the output should be a tone at the 
same frequency, but with greater amplitude. As the amplitude of the input signal is 
increased, some of the output power appears at the harmonics of the input frequency. 
This siphoning of the power away from the flmdamental leads to the gain 
compression. For the devices with weakly nom linear behaviour, the output voltage 
can be modelled as power series of the input voltage:
= Cfi,„ + C ^vl + C,vl, +.... (4.2)
Since this section deals with amplitude non-linearities only, the C^ *s cause no-phase 
shift and are real. If the non-linearity is particularly slight, it can be represented 
adequately with only the first three terms of (4.2).
Substituting the input signal t;,.„ = A cos w t, the output becomes:
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= C^Acos cot + cos  ^cot + C^A  ^cos  ^cot
2 ! 1 1
-h C, A —cos cot H— COS 3 cot ' ' 4 4
+
(4.3)
= -C ,4(" + z' 3 \  1 jC,A + — C.A^ cos cot + —CoA^ cos 2cot + ~C .A^  cos 3cot V 4 ' J 2 '  4
The output signal, as described by equation (4.3) is comprised of the desired signal at 
CO and spurious responses at DC, the second harmonic frequency: - 2co, and the third 
harmonic frequency: - 36). At fust glance, it would appear that the amplitude of the
component at the frmdamental frequency, Qri 1 + —(C3 / Ci)A" , offers increased
amplification compared to a linear two-port with transfer function .
However, in most cases C 3 < 0, and the device is termed compressive.
The output power at the fundamental frequency for wealdy non-linear devices is 
characterised in terms of the IdB compression point at which the fundamental output 
power is IdB below its extrapolated linear behaviour.
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4.1.2 Inter-modulation distortion
This form of distortion is of greater concern than harmonic distortion because it lies 
very close to die passband of die amplifier. Inter-modulation is best described as the 
intermixing of tones when simultaneously transferred by a non-linearity. Two signals, 
at frequencies and are combined and injected into the device. The output is 
then viewed on a spectrum analyser and contains a family of haimonic products and 
inter-modulation products. Using the same transfer function as for harmonic 
distortion and a two-tone input signal = v4(cosm/ + cosui^f) the output becomes
'^ out = Q-^(cos (Od + cos (oj) + Cj^ A^  (cos + cosm^ )^  ^ (4.4)
+ C3 ^  ^  (cos fill ? -h cos 6)2 y^ 
Thus the signal consists of components at the fundamental frequencies and (O2 , a 
DC component, second-order inter-modulation products G); ± , second and third
order harmonics 1(0 ,^ 2cù^  and 3co^ , 3a>2, and third order inter-modulation products 
2cù^  ± £02 and 2CÙ2 ± £0 .^ Of the spurious responses, only 2o)i -  tOg and 2£02 -  £0j pose 
a problem as they fall within the passband; that is, they are close in frequency to the 
fundamental components. The input and output spectrum coixesponding to v,.„ and 
are shown in Figure 4.1.
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0)
Figure 4.1: Input and output spectrum for a third-order linearity
4.1.3 AM/PM Conversion
The previous section examined he amplitude behaviour of a non-linear amplifier in 
response to a signal with a time-varying envelope. The next obvious extension of this 
is to develop a means of characterising a non-linearity where the output phase of the 
signal is dependent on the input amplitude and the phase variation. As in the previous 
section, this relation is illustrated by a simple equation;
o^ut = 4 ^ .  )cos(œt + e (u,j) (4.5)
Where 6 is the level dependent phase. This form of non-linearity has serious 
consequence for spectral efficient QPSK or QAM signals. For these signal 
modulation formats, control of the signal phase is the utmost importance. Slight
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deviations can cause the receiver to make inconect decisions, which in turn increase 
the bit en’or rate (BER) [44][45].
4.2 Baseband predistortion
The principle of predistortion is to insert a non-linear circuit between the input signal 
and the power amplifier. The non-linear circuit contains devices, which generate a 
distortion signal, which is complementary (in anti-phase) to that produced by the 
power amplifier. The corrupted input signal will, in effect, be corrected by the 
amplifier’s inverse non-linear transfer characteristic. Although capable of removing 
all unwanted AM/PM effects, most authors measure the effectiveness of the 
predistortion linéariser by its capacity to lower inteimodulation levels. Hence, it is 
common to refer to general distortion suppression as merely intermodulation 
suppression.
Exactly how the non-linear predistortion circuits behave is a subject of the large 
number of papers. The adaptive baseband predistortion linéariser investigated by S.P 
Stapleton et al. provides a good example of the technique [46] [47].
Theoretically, a high power amplifier is characterised as having extremely non-linear 
AM/AM and AM/PM conversion characteristic. The input signal is predistorted by 
multiplying the in-phase and the quadrature component by a pair of nonlinear 
functions fjOsctid fgQ. These two fiinctions (which are depending on the value of
the average magnitude of the power amplifier’s out-of band power), interpolate the 
power amplifier’s inverse AM-AM and AM-PM nonlinearities. The transmission
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characteristic is expressed in function of the in-phase and the quadrature functions, 
which is updated in the look-up table (LUT) by the training sequence.
Figure 4.2 is a diagrammatic representation of the discrete model of the 
adaptive linéariser for the digital transmitter. Following the description of the 
predistortion algorithm in [48], the values of a desired data for 16 QAM can be 
determined and be represented as the input data signal. The measured value is 
obtained as a function of the variance of the circuit, which can be expressed as 
follows;
M ,,, = g /„ (X p „ ) + £rr (4.6)
The Xpre represents the predistortion value at that point, /„ is the amplifiers non- 
linearity function. The error , is the error of the measurement and the is the 
desired measurement gain.
APD:Adapüve pre-distortion
Figure 4.2; Discrete model of digital transmitter with adaptive linearisation
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This led to find the predistortion value by a non-linear equation in terms of the gain 
m^ax of the power amplifier. Using the procedural method describe in [49], a 
programming algorithm can be deduced from the non-linear equation, which can be 
obtained by using a derivative matrix at the point where the predistortion is defined. 
Figure 4.3 shows that random access memory (RAM) is used to store voltages for 
each signal point. The 16 QAM constellation in Figure 4.4 (a) has a corresponding 16 
addresses of the RAM with each input data symbol, the inphase and the quadrature 
predistorted value corresponding to the input data symbol, which are separately read 
from the RAM. These data are converted to analogue by the D/A converter. The 
voltages at this point drive a quadrature amplitude modulator, which generates the 
predistorted 16QAM signal. The RF signal is then amplified, filtered and transmitted.
A.ntenna
Pow er
Adicrowccve 
Vector 
Modulator
S ig n e d
LO
MMIC
P> enxo<5ulator Filter
Adaptive
predistorter
Figure 4.3; Schematic of an adaptive predistortion linéariser
Microwave Systems Research Group - © David KA Kpogla 79
Chapter 4 Adaptive Transmitter Linearisation
Figure 4.4 (b) represents an example of the microwave amplifier output sample at 
2GHz fi'equency. Tlie output inphase and quadrature voltages of the demodulator are 
converted using A/D converters and digitally processed with the measured value. The 
digital values obtained are then compared with the desired values corresponding to the 
input data value symbol. After the predistorted values of the symbols in RAM are 
updated by the programmed algorithm control of the adaptive predistorter. This 
procedure is repeated until the measured value is equal to the desired value.
However, as the amplifier ages or is subject to temperature variation, its complex gain 
can be expected to change. Anticipating these deviations, a predistortion linéariser 
will include an adaptive controller to monitor the level of intermodulation power and 
make corrections as necessary.
Pre-distortion linearisation is an effective way to reduce distortion in a power 
amplifier and requires only a few additional RF components. Its main advantage over 
feedback linealisation is its inherent stability. However, there are drawbacks too. 
One of the most common factors, which is cited in numerous papers [49] [50], is its 
need for a very complicated adaptation algorithm.
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Figure 4.4: 16-QAM and 64PSK constellation signals (a): - ideal input signals of the 
linéariser, (b): - distorted output signals of the power amplifier
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4.3 Monolithic direct conversion receiver at 
38 GHz
In this investigation the author’s contribution is purely limited to the baseband signal 
generation and laboratoiy measurements. A 16 QAM signal was generated at 38GHz 
using a personal computer and National Instruments board (PCI 6024E) and for a 
higher bit rates, the signal was downloaded into an arbitrary waveform generator. The 
linearisation is justified in this investigation because the even harmonie quadrature 
resistive mixer eliminates the LO leakage, and DC offset which are the main sources 
of imbalance and nonlinearity in the direct conversion receiver. Also, the 
demodulator is an important part of the adaptative system of Figure 1.5.
The adaptive system requires that the amplifier output be down converted and the 
transmitted I and Q values obtained. Direct conversion receivers, that convert the 
received RF signal directly to baseband, have several advantages over conventional 
heterodyne systems [51][52][53]. They have low circuit complexity since the IF 
circuitry is eliminated. This low circuit complexity is particularly advantageous for 
monolithic microwave integrated circuit (MMIC) design where chip size must be 
minimised for low cost. Furthermore, the low complexity leads to lower DC power 
requirements, which is usually a concern in mobile communications. However, a 
conventional direct conversion receiver suffers from undesired baseband components 
produced by second order mixing. This second order distortion is generated fiom IMD
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between RF signals and self-mixing between the LO and the LO noise. This IMD
limits the instantaneous dynamic range of direct conversion receiver and has restricted
their practical use. Fortunately, second order distortion can be eliminated, in principle,
by using an even harmonic type of harmonic mixer [54][55]. These mixers have no
second order distortion because they have only odd symmetric nonlinearity terms.
This section investigates the use of a monolithic Ka-band even-harmonic quadrature
mixer for direct conversion receivers. This is believed to be the first demonstration of
the technique at millimeter-wave frequencies (the detailed design of the chip is
described in author list publication number 5).
Figure 4.5 shows the microphotograph of the Monolithic Ka-band even harmonic 
quadrature mixer chip. The chip was designed by K S Ang a PhD student of 
microwave systems and research group [see reference author list of publication 
number 5].
The circuit was fabricated using the EONCOM process, which employs 0.15 um gate 
length AlGaAs/InGaAs pHEMT on 100 um GaAs substrate. The chip size is 
approximately 2.1x2.9 mm .^
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2.9 m m
Figure 4.5: Microphotograph of the even harmonic quadrature mixer chip designed by 
K S Ang a PhD student of microwave systems and research group.
Software Engine 
ADC,DAC, Base­
band, Outputs (I,Q)
Demodulator
Figure 4.6: Photography of the on-wafer-probing set-up measurement of the 38GHz 
MMIC demodulator
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4.3.1 Measured results
The demodulator was measured on-wafer probe station Figure 4.6. The local 
oscillator (LO) signal was obtained from a synthesized source (HP83650) and the RF 
signal was obtained from a network analyser in CW mode.
The demodulation performance of the chip was tested on a 16-QAM signal. The 
38GHz 16-QAM signals were generated using baseband signals from an arbitrary 
function generator feeding a vector modulator chip, previously designed at 38 GHz. 
The vector modulator chip was wire bonded on an alumina substrate and connected to 
with probes. Figure 4.7 shows a comparison of the modulating and demodulated 
signal (I-channel shown) in the time-domain from the oscilloscope display. The 
output signal has the same pattern as the input, illustrating the application in 
millimetre-wave communication applications.
Microwave Systems Research Group - © David KA Kpogla 85
Chapter 4 Adaptive Transmitter Linearisation
)
4 -0 . OOs 2 .00M /
19.02.16 Thu Nov 2. 2000
Figure 4.7: 16-QAM modulated and demodulated signal from the demodulator chip at 
38 GHz RF (I-channel shown)
4.4 Summary
In this chapter an amplifier’s nom linearity was investigated in general terms with 
respect to AM/AM and AM/PM conversion. Baseband linearisation was investigated 
by exploring adaptive predistortion and its advantages and drawbacks. This was 
followed by a more thorough investigation on the use of a Ka-band evemhaimonic 
quadrature mixer to directly demodulate a 16-QAM signal at 3 8GHz. This 
successfiilly extends the even-harmonic direct conversion concept into the millimetre-
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wave range, where point-to-point and point-to-miiltipoint communications systems
are of increasing commercial interest.
Unfortunately there was not enough equipment to set up the MM-wave adaptive 
system, so it could not be tested, except for various tests of the software at baseband.
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Chapters
Investigation of Single-Sideband Digital 
Modulation
5.1 Introduction
Software control of the transmitter gives new opportunities for signal processing 
functions, which cannot be achieved with hardware. In this chapter it is shown that 
the Hilbert transfoim (in software) can be used to create a single-sideband digital 
modulation signal. This is practically impossible in hai'dwai*e because of the 
extremely wide bandwidth of pseudorandom digital signals.
Owing to their advantages, single side-band analogue systems have gained a wide 
range of applications in radio communications and have mostly replaced double 
sideband systems with suppressed or unsuppressed carrier.
The theoretical studies and simulation results of SSB -  QPSK performed by Mujtaba 
[57], indicate that it is more robust to time dispersive fading, more power efficient, 
and the envelope variation 6dB less than QPSK. As a result SSB-QPSK is suggested 
to be a promising scheme for future mobile telecommunication systems, although in
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fact the idea was investigated in this project before the publication of [57]. Also it’s 
remarkable to notice that in digital systems the transmitted specti-a always appear to 
be double sideband.
This part of the thesis investigates whether single sideband digital modulation has any 
application.
The modulation and demodulation scheme that is implemented directly affects the Bit 
Error Rate (BER). Optimisation of criteria such as bandwidth efficiency and power 
efficiency require the use of specific methods and mathematical algorithms for the 
modulation. Mathematical models and techniques solving complex analytic functions 
and the Hilbert transform have taken up a strong position as technique for analysing 
communication systems. The measurement results obtained in this work were 
accepted for publication at the European Microwave Conference (Munich-2003) as a 
full paper.
5.2 Mathematical analysis of SSB signal
In digital signal processing, the complex form of a signal and the concept of positive 
and negative frequencies is often ignored or misunderstood. The real signal such as 
cosœt is only considered as a positive frequency.
By using the analytical form of Euler’s formula, this real signal can be decomposed as 
shown in the following:
cos(a)f) = ] / 2 (5.1)
'fm
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which is representing a hainionic wave as the sum of two complex conjugate 
functions. An arbitrary signal P{t) with a known spectrum can be defined as the sum 
of two components:
P{t) = —
1 0  1 “\P(co)e^‘" d a + — \P{(o)e^"" dm (5.2)2^ . i  2;r „
To define the conjugate and the imaginary part of P{t) one can use:
(5.3)
^ 0
where T^is the analytic signal of P (t), and by changing the variables, ^  = -co, the 
first integral on the right-hand of the equation (5.2) can be re-an'anged as:
I % . 1 0- —  \ P ( a ) e ^ “'da) = ------ (p(-^)e-->^'d^2^  i  2^_i
Therefore, Equation (Eq): (5.2) relates the signal P{t) and (t) as:
;>(f)== 2 (5.4)
which is the same as:
JP(f)==]terr, (f)] (5.5)
The imaginary part of the signal P(t) = hn[T^  ^(f)] is the conjugate of the original 
signal P(t) .
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The signal Y, {t) -  P{t) + jP{t) is represented in the complex plane by a rotating
phasor whose magnitude and phase angle vary with time. It is therefore possible to 
represent a signal which has only positive or only negative frequency, and that can be 
represented in the form of the in-phase I{t) and in form of the quadrature jQ{t)
One can note that the I{t) component talcen by itself has a positive and negative 
component as does the component. This can be explained as, when talcen 
together in the form I(t) + jQ{t) , the negative spectra components cancel each other 
while the positive frequency components reinforce each other. In the case of BPSK, 
the quadiatui'e component does not exist and the signal is composed of the in-phase 
component I{t) and 90° shifted of the in-phase I{t) signal.
The spectrum analysis of this type of signal is defined by using inverse Fourier 
ti'ansfbrm where the function (û?) can be found:
>I',(0 = :f-]'P,(®)exp( (5-6)
Based on Eq: (5.3), we can stipulate that this function is only defined in the region of 
positive frequencies:
P{co) is the spectrum of the conjugate signal, and based on the linearity of the Fourier 
transform, so that:
(a ,) = f ( d , ) -h ;  )
The equality in (5.7) will be implemented only when the spectra of the signal and the 
conjugate signals are related as:
P {cù) -  -  j  sgn( œ )P  {(d )
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Where sgn(£») is the signuin function.
Therefore one can imagine the method for deriving the conjugate signal from the real 
signal, which is the shifting of the signal by 90°. The phase shift delays all 
components by 90° ; consequently all positive frequency are shifted by - 90° and all 
negative components are shifted by + 90°. Such an operation is also called a “Hilbert 
Transformer”.
5.3 Digital SSB-BPSK implementation
The implementation of digital signal processing is relatively new compared with that 
for analogue techniques, despite the fact that the mathematical teclmiques have been 
developed for some time. The proposed experimental set-up shown in Figui'e 5.1 is 
used because of its generality, and it is often used in commercial wireless handsets 
[59].
The SSB signal can be generated either by filtering techniques or by phasing 
techniques. Because of the difficulty in obtaining a phase shift and accurate 
amplitude balance across the entire spectrum, to overcome this hurdle, digital phase 
shift techniques have been used. The algorithm utilised in this investigation is based 
on the principle of digital manipulation of the signal at baseband level, and then 
applying the signal to the modulator.
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Figure 5.1: Experimental Set-up for SSB
The baseband signal is obtained from Matlab programming where the simulation 
result has been obtained in the time domain. The obtained data were saved as a data 
file or as look up tables where digital pre-filtering (FIR and Raised cosine filtering) is 
fulfilled. The data is then imported from Matlab to the C interface. The D/A board is 
a 16-bit converter, where data are converted to analogue waveforms before it is 
applied to the modulators. Implementation of the software algorithm to generate 
SSB-BPSK with the DSP board is realised by using Matlab and C programming. The 
%
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measurement results were obtained at 2GHz using one pair of mixers, combiners, and 
power divider, the National Instruments AT-AO-06, DAG and a PC for data control. 
The approach to achieve SSB-BPSK is to use the Hilbert transform (HT) to impart a 
90° phase shift on the signal. Prior to evaluating the system practically, Matlab was 
used to investigate the properties of SSB-BPSK. The baseband data consisted of a 
random sequence, with Gray coding. A shaping is applied. BPSK, QPSK and SSB- 
BPSK were all set to the same data rate.
The time-domain waveforms are compared in Figure 5.2, which shows a small part of 
the modulated signal waveform for each case.
Not surprisingly, the SSB-BPSK Figure 5.2 (c) seems to be an AM signal a result, 
which confirm the SSB theory, which states: “In outward appeai'ance, SSB signals 
resemble conventional AM signal”. It is should be remember from HF radio that SSB 
voice systems are less sensitive to frequency offset in the receiver; small offsets just 
create a small frequency offset in the received voice signal. Therefore, there may be 
advantages in robustness similar to those reported by Myjtaba for SSB-QPSK [57].
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Figure 5.2: Simulated waveforms (a) QPSK, (b) BPSK (c) SSB-BPSK
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These results were obtained in Matlab programming platform by implementing 4 
steps, which are:
■ Generating PN- sequence (generating bit sequence, up sampling, N-FFT and make 
NRZ format)
■ 90° Degree phase shifter in low pass format (Set bandwidth of the filter, set 
amplitude response).
■ Generate other channel and FFT convolution by overlap method (get overlap length 
and non overlap length)
■ Generate truncated I Channel bit block and spectrum channel bit block (put them 
into bit steam)
The following diagram shows the sequence of programming to obtain the SSB-BPSK 
results.
1
G enerate PN23
G enera ting  bit s e q u e n c e , up-sam pling , N-FFT 
an d  m ake NRZ form at
— ,  % '
_L
90 d e g re e s  p h ase  sh ifter 
In low p a s s  form at
S et bandw id th  of t h e ^ e r  S e t am plitude re s p o n s el i
G enerate  o th e r channel 
and  FFT convolution
G et overlap  aq ù ,n o n  overlap  leng th
G enerate tru n ca ted  I-channel bit block and spectrumÎIit._____ -....... channel bit block _________
P u t them  into bit s tream
Figure 5.3: Diagrammatic representation of the 4 stage programming arrangement.
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5.4 SSB-BPSK modulation
An interesting improvement over the conventional modulation is the transmission of 
the signal in which the lower or the upper side band is suppressed. The primary 
advantage of SSB signals are that they requne only half the bandwidth of the double 
side band (DSB) signal. The frequency response of an ideal Hilbert transform is
7tgiven by all pass-filter function, which imparts a phase delay of — for the positive
frequency components and a phase advance of - y  for negative frequency
components. The output of the system contains only an upper sideband of the input 
signal. The complete system and analysis of the measurement to achieve SSB-BPSK 
modulation is appropriate for our purpose, which involve digital software method and 
Hilbert transform. For an arbitrary baseband signal, the SSB modulated signal ^ {t) is 
given by:
= [<:* (Pit (5.9)
Where the upper sign is taken for upper SSB, where is a function of the frequency
caiiier, and where ^  is a function of the Hilbert transfoim (HT) ^ . The main design 
procedure is as follow. Using the inverse Fourier transfoim of the fr'equency 
response, results in the impulse response of an ideal Hilbert ti'ansfoim, which is given 
by:
h{ji) -
0 ,7 2  = 0
sin^(;m/2) (5.10)n ^ O{ml 7)
We note that h{ri) = 0 for all even n and h{-n )-  -h { n ) , facts which are exploited. 
Of coui'se, the ideal transform is not physically realisable since it is non causal and of
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infinite duration. In order to realise a filter, the impulse may be wmdowed and shifted 
to malce it causal. For the filter of odd length N , this shift will be {N-\)I2.
This is of special importance for frequency division multiplexing of the 
communication channel. In the digital processing of a BPSK baseband signal, this 
property between x[«] and its HT x[w] + is used, where iT(*}.is the
discrete HT [62] [63].
In order to understand how BPSK can be transmitted as a single side band signal, the 
properties of the discrete Hilbert tiansfbrm need to be examined. Eq: (5.10) can be 
written considering the delay for causal filtering. An ideal HT shifts the input signal 
by 90°, and its impulse response is given by the following expression:
h\n\ — 2sin^[;r(w -B ^)/2 ]
(5.11)
0
Where the delay = ( a t - i ) /2  is introduced to make the filter causal.
The input to the Hilbert filter is defined as pseudo random train of delta functions
~ ^  -  k) (5.12)
k
Where a^ . g {+!},
Then the resulting Hilbert transform, H (x[«]}. is given by:
p . . »T  7 r { n - n ^ - k )
The existing alternation in both the signal and its HT can be exploited to transmit 
BPSK as a SSB signal. Assuming that x{n] is transmitted on the in-phase I-channel, 
then to achieve SSB transmission, 77{%[»]} is transmitted on the 90° shijfted Q-
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channel. So, for Matlab implementation, first the baseband I-channel signal is 
obtained then saved as a look-up table. Then the 90° shifted channel is programmed 
with the HT delay factor (to make the filter casual), and saved as another look-up 
table. Both data channels are then imported into the C/C++ environment. The use of 
C/C++ gives access to the D/A board’s special functions, which are compatible with 
C/C++ functions, and therefore the data can be manipulated and converted to 
analogue with the data board. By implementing software-controlled techniques, to 
generate the BPSK signal and its Hilbert transform, we can easily obtain a SSB-BPSK 
signal.
5.4.1 Transmission of SSB-BPSK.
Based on the description of the SSB-BPSK signalling format, the structure of the 
modulator is shown in Figure 5.4.
M ixer
Input^ 
bit
To
t Antenna
H ilbert 2 ^ ^
Transform
Figure 5.4: SSB-BPSK modulation schematic
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SpectrumRFout Analyser
PC with DSP 
Board 
(AT-AO-06)
Figure 5:5 Laboratory experimentation measurement set-up.
To accomplish this task, laboratory experimentation was set-up as shown in Figure 
5.5. The D/A board was utilised to convert the signal, an oscilloscope to monitor I 
and Q, and the spectrum analyser receiving the RFq^jj. signal. A 2GHz local
oscillator, a pair of diode-ring mixers and a PC used as controller complete the setup. 
The DSP board is applied in the first place by software programming in Matlab and in 
C/C++, to obtain the baseband signal. Figure 5.6 shows a plain SSB-BPSK baseband 
signal, with prefiltering (upper trace) and the SSB-BPSK baseband with 90° Hilbert 
filter and prefiltering (lower trace).
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The outputs of the modulators aie combined and transmitted to the receiver. The 
signal obtained at the output of the modulator is analysed; Figure 5.7 and Figure 5.8 
respectively show the spectrum of SSB-BPSK without pre-filtering, and the spectrum 
of SSB-BPSK shaping filter applied.
1 200m  V 2 200m V 0 .0 0 s 5 .0 0 m s /
Figure 5.6: SSB-BPSK baseband signals: with prefiltering (upper trace) and with HT 
and prefiltering (lower trace).
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Figure 5.7: Spectrum of SSB-BPSK without shaping filter.
é Microwave Systems Research Group - © David KA Kpogla 102
Chapter 5 Investigation of Single-Sideband,
ATTEN lOdB  
RL -20.0dBm 5dB/
! ! 11 I ... ... i__. . .
— 1 M ; ! 1 1 1 _  1
1 1iL_ ... J 11 i
j y 11 jI 1
L  J _  _ j !j . _ .  . _ 1
1
1 1...................r ■ '■ T ........ — — 41
I  ! 1 11 i1 jl 11 j  I
1 \ i! L M1
-* * * - - 1 V L____________J . i
J  III . .  iklU L A  iTrff !MM !
S
PQ"Q
C ENTER  2.00000000000000G H z  
R B W  300H z V B W  30H z
SPAN SO.OOKHz 
SW P 14.0sec
FREQ UENCY
Figure 5.8: Spectrum of SSB-BPSK with shaping filter.
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Mixer Data
2 G H z
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Figure 5.9: SSB-BPSK demodulation schematic
5.4.2 Reception of SSB-BPSK
The SSB-BPSK demodulation is based on the diagi'ammatic representation shown in 
the Figure 5.9. The SSB-BPSK signal is demodulated using just a single mixer and 
the 2GHz local oscillator (LO). The spectrum folds over on down conversion, 
recreating the standard DSB signal prior to demodulation. The mixer is a Mini- 
Circuits component. The demodulated data signal is obtained and procecessed in the 
controller via an analogue to digital converter. It has been shown that the output from 
the demodulator Figure 5.10 has the same pattern as the input BPSK signal (shown in 
upper trace of the Figure 5.6).
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Further investigation into SSB-QPSK [57] showed that for quadrature digital 
modulation schemes the I and Q data is interleaved into both upper and lower 
sidebands. The upper and lower side bands contain different information and QPSK 
cannot be transmitted as SSB easily.
So SSB-BPSK achieves the same spectral efficiency as QPSK, which is a significant 
step forward. However, no major advantage of SSB-BPSK has been found over 
established QPSK systems, except that demodulation is simpler.
1 1009 f - 0 .O O s  5 . 0 0 3 /
Figure 5.10: Signal output of the demodulator.
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5.5 Conclusion
A mathematical basis has been foimulated for the purpose of analysing SSB-BPSK 
signal processing using modulator, D/A board, Matlab and C progranmiing. A 
software-controlled technique has been used to obtain the baseband signal and digital 
implementation of shaping filtering and HT. The laboratory results show the SSB- 
BPSK spectrum, which cleaidy demonstrates an adequate design method that exploits 
the coefficient property of HT to give the suppressed sideband and a modulation 
scheme that offers improved spectral efficiency.
In addition, it was demonstrated that the envelope variation of SSB-BPSK is less than 
that of BPSK. Based on these observations, SSB-BPSK appears to bring some new 
ideas to communication systems. The demodulated signal is obtained at 2GHz. The 
realisation of the 90° shift in the digital domain remains an advantage, because it is 
practically impossible to realise in hardware. Digital SSB-BPSK method for 
modulation and demodulation has been proven successful therefore demonstrating 
mainly the feasibility of its transmission and reception at microwave frequency.
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Chapterô
Conclusions and Future Work
6.1 Summary
This work has focussed on the use of digital signal processing with microwave vector 
modulators for the realisation of a direct conversion MMIC-based millimetre-wave 
transmitter. Software has been implemented to support several types of modulation 
schemes and different transmitter functions. This approach makes it possible to 
change operating parameters in software without any change to the hardware 
components. Obviously, the achievements here are limited to just demonstrating 
principles and feasibility, but the results have far-reaching implications for future 
system design. This concerns various ai'eas including baseband signalling, spectral 
efficiency and combined techniques featmes such as linearisation, adaptive 
lineaiisation, channel selection, data rate manipulation, frequency selection, etc. 
Accordingly, the principal thrust of this thesis has been to investigate techniques for 
the realisation of a MMIC-based millimeti*e wave ti*ansceiver using digital signal 
processing for data communication. The work was part of the broader project
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“Millimetre-Wave Signal Processing for Data Communications and Radar” project 
cairied out by the Universities of Glasgow, Surrey and King's College London. The 
contribution of the author concerns mainly the programming algorithms, DSP 
implementation to obtain the baseband signals, vector modulator linearisation and 
frequency ti'anslation all done in software. Also the author has contributed in 
demonstrating two novel vector modulator designs and SSB-BPSK modulation.
The project was divided into three major targets to illustrate the potential advantages 
of baseband processing applied to a millimetre-wave vector modulator. The first was 
to give emphasis on algorithms for baseband signal generation using DSP (AT-AO- 
06, and PCI-6024E National Instrument data board). Therefore, a thorough 
investigation was made on programming for the generation of the digital baseband 
signals, and many good results have been obtained: the program can generate any 
kind of signal with different levels -  (i.e. m-QAM, m-PSK).
The second aim was to explore applications of the technique and results have been 
presented at 1.8GHz, 38GHz and 60GHz for BPSK, QPSK. Also results of m-PSK 
and m-QAM modulation schemes were obtained with baseband filtering, channel 
selection, data rate modification, predistortion, linearisation and frequency-shifting 
functions all achieved in software.
The third aim was to implement an algorithm for adaptive baseband linearisation. 
The results for SSB-BPSK were obtained at 2GHz and has giving a clear feature in 
implementing DSP based software-control for communication system.
Not surprisingly, due to a lack of higher bit rate (GHz sampling rate DAC/ADC 
board), better results could not be obtained. This can be subject of further studies, 
which is mostly presented in the future work.
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As part of the thorough study of microwave vector modulators, two novel techniques 
have been investigated: it has been shown that a simple technique can be used to 
compensate for FET parasitics in the reflection-type bi-phase amplitude modulator. 
This makes it possible to get a good constellation without moving to the balanced 
topology, which uses more than double the chip space and requires four baseband 
control signals. Similarly, it has been shown that the four-channel vector modulator 
can be reduced to two channels using the “sliifted-quadrant” approach. This 
compromise solution needs only simple variable attenuators or amplifiers and has 
only two variable channels. It is expected that this could be of particular interest in 
RFICs, which normally use the Gilbert cell modulator, which has very limited power 
handling.
6.2 Future work
6.2.1 FPGA technology
Field-programmable gate arrays (FPGAs) have received great interest for DSP 
applications. The advantage of FPGAs is that they combine the performance that can 
be achieved by application-specific-integrated circuits (ASICs) with the flexibility of 
programmable microprocessors. Implementing a logic design with the FPGA or 
Complex Programmable Language Description (CPLD) development software 
usually consists of the following steps:
Q The description of the logic circuit is obtained by using a hardware description 
language (HDL) such as VHDL or Verilog.
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■ The logic synthesiser is used for the program, which transforms the HDL or 
schematic into a netlist.
■ After downloading the code, the FPGA will perform the operations specified 
by the HDL code or schematic.
FPGA technology now offers millions of gates per device and clock rates in the 
hundreds of MHz range [64]. Also there are many factors that influence whether an 
FPGA or DSP should be used, including types and complexity of the algorithms that 
will be involved, how manageable they are to be implemented on FPGA or DSP, and 
the computational and I/O bandwidth performance that might result.
mdic
Transceiver n -  Channels%
S a m p l e C l o c k User1 Configurable Digitalno
Figure 6. 1: Conceptual architecture of FPGAs DSP for MMIC transceivers
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The millimetre-wave band is mostly used for high data rate communications, which 
means the speed advantage of FPGAs is a major advantage over DSP chips. Figure 
6.1 presents the conceptual architecture of an FPGAs-based for MMIC transceiver. 
The technique can be pragmatically broken down into two different parts: Firstly, the 
MMIC vector modulator and the secondly, the FPGA-based logic device, composed 
of memory for data allocation, input data information device; LUTs, programmable 
port VO and DigitaFAnalogue converters. The data are processed in configurable 
FPGAs blocks where different algorithms [66] such as adaptive or non-adaptive 
filtering, error cancellation, infinite impulse response (HR) or finite impulse response 
(FIR) filters are operated to get the exact data transmitted.
Input
Signal
Filtered
Signal
r(# -
Updated
Weight Error
^ ( f )
Re ference 
S ig^ l
Figure 6.2: Adaptive filter system structure.
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Adaptive filters are non-linear systems; for this reason their behaviour analysis is 
more complicated than the fixed filters, and because they are self-designing systems, 
they are also less involved from the user’s point of view [67]. The adaptive filtering 
environment is shown in Figure 6.2, where ^ is the iteration number, x((^)is the input 
signal, y(^), is the adaptive filter output, and d{f)  defines the desire signal. The 
en'or signal x(^) is calculated as d ( f ) - y ( f ) .
The self-adjusting character of adaptive filters allows them to operate in unloiown 
environments and to track time-variations of the input statistics. This unique 
functionality makes the adaptive filter a very powerful device for communication 
systems.
6.2.2 Development work
The measurement results and ideas presented in this thesis have successfully 
demonstrated some important concepts. However, it also arguably raises more 
questions than it has answered, because the practical commercial application of the 
techniques is by no means sti*aightforward. The details of implementmg the adaptive 
predistortion in software in the presence of ageing, memory effects and harsh 
environments remains largely imsolved. There is also the question of suitability of 
various types of DSP hardware to handle the algoritlims.
The research hito software techniques using adaptive methods (e.g. amplifier 
linearisation) for single chip transceivers has a lot to offer. The findings of this thesis 
seiwe as an impetus for further research in signal processing at microwave and 
millimetre-wave frequencies. Further development of the work in this thesis should 
focus on giving the answer to the following:
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□ How to achieve improved rejection of spurious outputs to meet regulations
□ Implementation of adaptive predistortion
□ Use of a better GHz sampling DSP boai'd, DAC and ADC
D Applicability of the techniques to other applications; e.g. radar
Extending this work is an area where the Microwave Systems Research Group 
(MSRG) can significantly expand its future activities.
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A.2 Running the program.
A user can run the program by simply typing MyDocu~l / davidl: from the DOS 
system. This program can run only under the DOS operating system, under Windows 
95 or 98.
Right after running the program, the first message on display is:
INPUT THE NUMBER OF SIGNAL PAIRS TO BE GENERATED:
I&NOT I ARE PART OF SAME SIGNAL PAIR.
YOU MUST INPUT A NUMBER BETWEEN 1 & 3.
INPUT NUMBER:
At this stage, as promoted, the user must input the number of channel pairs that are 
going to be generated. A channel pair is a two-channel set, where in most cases, one 
will be the complementary of the other. In other words, one channel may coiTespond 
to the straight signal output whereas the other may correspond to the complementary 
signal output. In same manner the number the user inputs, refers to a pair of the 
channels rather than a number of single channels. This is why the user should enter 
an integer number between 1 and 3, since the AT-AO-06 has only six output channels, 
up to six signals at the same time can be originated, which is the same as to say that 
only up to three signal pairs can be output. Therefore, if for instance the user enters 
‘1’, two signals ai*e going to be produced. The same applies when ‘2’ or ‘3’ are input; 
four or six signals are going to be originated, respectively. Whether these are going to 
be random, completely, or whether both are possible, all depends on the decisions the 
user may take.
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As long as the input number is between 1 and 3, the program goes one step ahead; 
otherwise the user is asked for a new value. The action keeps on until he or she input 
a right number.
Having dealt with the number of channels, the next step concerns about the output 
voltage values. Once again the progi'am solicits more parameter input from the user. 
The information asked for, refers to the voltage values that are going to be generated 
by the data boaid when maldng up the digital signals.
INPUT LEVELS PER SIGNAL
i.e. BPSK & QPSK 2 LEVELS, 16QAM 4 LEVELS ...
YOU MUST INPUT AN EVEN NUMBER.
INPUT NUMBER:
To start with, the user must input an even positive number at the program’s request 
for the number of levels per signal. The levels per signal are the number of different 
voltage values that build the signals. To make the originated signals appropriate for 
digital modulation purposes, this must be an even number. A value of ‘2’, for the 
levels of the signal parameter request, would lead to a set of signals which could 
match a BPSK or QPSK constellation, depending on the number of pulse created; a 
number of ‘ 16’ could lead to a 256QAM constellation.
As usual, if you do not register a right number, you are prompted to input a new one. 
The following step is to decide the exact value for those voltages that are going to be 
output when building the wavefoims. The user detennines both, the voltages for the
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straight set (that is the gi’oup of voltage that malce up the straight signals) and the 
voltage for the complementary signal. To do so, the program offers the user the 
following options.
DO YOU WANT TO ENTER VALUES FOR THE VOLTAGES. 
OR YOU PREFER THE DEFAULT GENERATION OPTIONS. 
1: ENTER VOLTAGES 
2: DEFAULT GENERATION 
3: LINEAR GENERATION
INPUT NUMBER (1,2,3):
The user can select any option by simply typing the nimiber on the left. In the first 
case, he or she is asked to enter, one by one, the value that will form a set of voltages, 
twice as many as the real numbers of signal levels that requned to be input. The way 
of proceeding is as follows.
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INPUT VOLTAGES ONE BY ONE 
ENTER VOLTAGE 1 : ENTER MATCHED VOLTAGEl : 
ENTER VOLTAGE 2: ENTER MATCHED V0LTAGE2 
ENTER VOLTAGE 3: ENTER MATCHED V0LTAGE3:
Firstly, the user must enter a value for the straight set of voltages. Just after this, he or 
she must input the matched value of the straight voltage. This is followed by the 
implementation of the complementary value and vice versa. The user has to keep on 
entering values until the two group stages (straight and complementary) are 
completed.
As a result, when the sti*aight pulse presents a given value, its complementary signal 
has the equivalent entered matched value in the same position (horizontal axis). The 
right values must fit in the range between -10 volts and + lOvolts (the limits o f -10 
and +10 are excluded) and that, two numbers closer than 0.0488 can be discriminated 
by the program, because of the chai*acteristics and parameters of the AT-AO-06 data 
board.
Further information referring to the voltage output considerations or about the 
AO-AO-6 data board, and the user manual can be found on www.ni.com/DAG/manuel
When selecting the second option (2:), The user can take advantage of the default 
generation procedure. In such case, the voltages are uniformly distributed using the 
following algorithm.
skn.
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Straight voltage I +1: 2*^  I -(lev-1), I = 0.. .lev -1.
Matched voltage I +1 : -(2*1- (lev -1)) I = 0.. .lev-1.
Where ‘lev’ stands for the number of levels per signal.
For instance, having two levels per signal (lev=2), the following voltage values 
would be available.
Not surprisingly, this option is available when the levels per signal parameter is 
smaller than 10; otherwise it would lead to values bigger than 10 volts or smaller than 
-10 volts which, as previously said is not possible, (i.e. if ‘lev’ = 16, than the voltage 
will equal -15, smaller than -10).
Finally and similar to the last option, there is another voltage generation in the third 
choice (number 3:).
In this case, the user should input the numbers, after selecting the option, two 
numbers matching two interval limits. As a result, the program will uniformly 
distribute the voltage value within the conesponding gap. The first number the user 
inputs, must be always smaller than the second number. Once again, both numbers 
must be within the range from -10 volts to 10 volts.
INPUT f  NUMBER IN THE RANGE: 1.5 
INPUT A BIGGER NUMBER THAN 1.5 
INPUT 2^^^  NUMBER IN THE RANGE:
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Obviously, when selecting this option, the user can get the same results as when 
selecting the second one (2); the default generation, can be seen as a particular case of 
the foimer. Note, for instance, what happens when the user sets an inteiwal ranging 
fi*om -3 volts with a levels signal parameter- equal 4.
So far, the user can set up the number of signals and the voltage values that will 
generate those signals.
The following display is an inti'oductory message about what the program does and 
some monitoring statements as well.
USE_AO_610 
PULSE GENERATION
THIS PROGRAM WILL ONLY OPERATE ON AN AT-AO-06
THIS PROGRAM TRIES TO PRODUCE A RANDOM PULSE...
BUT IT NEVER USUALLY WORKS.
I HOPE IT DOES THIS TIME 
FOR GOODNESS SAKE!
COME ON DOOD, BE STONG AND PRESS A KEY.
As requested, the user has to type any key and go ahead. Then the program will check 
out whether the AT-AO-06 board or the AT-AO-10 board was installed in the 
computer.
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After showing some tracking messages, the program will display the result of the 
research. If failing to recognise any of the above-mentioned boards then the user will 
be kept informed in the following sentences:
GET_DAQ DEVICE_ INFO 
YOU’RE FAILING MY DEAREST 
NO AT-AO-6 DETECTED 
MAY BE TOMORROW.
At this point, the DOS operating system takes control over the program.
If there is a successftilly detection of the AT- AO-06 board, then this is what the user 
can be watching on the screen of the monitor:
GET_DAQ_DEVICE_INFO
DEVICE No DEVICE TYPE
1 AT-AO-06.
And the actual wavefoims are going to be generated soon.
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DECIDE YOUR FAITH,
1: TUNING STUFF WITH NON-RANDOM SIGNALS 
2: RANDOM GENERATION 
3 : AU REVOIR ET LA PROCHAINE.
The user is right now at the very basic understanding of digital filtering stage of 
execution. There are three available alternatives that perform three different 
operations. Each one can be selected by input tlie number on the left. Let’s have a 
brief description of all the possible choices and then we can deal with details of each 
particular case.
1: Tuning the stuff with non-random signals: by selecting this option, the program 
will perform a non-random wavefoim generation. The aim of this is to produce a 
particular kind of pulse where all the different output voltages are plainly distributed 
when generating the waveform. That way, any output value can be easily shown on 
the scope and tuned if necessary. When it comes to change the output values, this 
option is really helpful.
2: Random generation: The selection of this choice leads to a fully random signal 
generation. The originated pulses share the parameters determined before. That is, 
the output voltage values for each group (straight and complementary) and the level 
per signal parameter, fonnerly set up, are employed to construct the signals.
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3 : All revoir, quits the program and after a farewell message, the program returns the 
control back to the Dos operating system.
TUNING THE DEVICE WITH NON RANDOM SIGNALS
As said above, the user may decide to change slightly any output voltages before 
running the random generation. The way to carry out this is first performing a non- 
random pulse generation in order to output all the possible values and to present them 
on the scope. This is the main feature of this selection; yet there are some other 
interesting points to consider.
NEXT OPERATION
1 : QUIT 2: TUNE VOLTAGES
3: SHOW STUFF 3: TUNE FREQ 
INPUT OPERATION:
1: Quit
By typing ‘T the program goes back to the foimer description. This selection 
tenninates the random generation but not the execution of the program. The user can 
apply a new type of random generation, tune the voltages, or definitely quit the 
application.
2: Tune voltages
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When typing ‘2’ the user will be able to modify, step by step, a particular voltage. 
Only one voltage can be modified at a time. After inputting the number on the left 
that activates the selection, a new screen appears:
1 -.INCREASE A VOLTG. 2:DECREASE A VOLTG.
INPUT OPERATION:
The question is quite clear. Maybe the only thing to remember is the forward step or 
baclcward step. Each time the user decides to increase a given voltage, 0.0488 volts 
are added to that voltage value, whereas if she or he prefers to decrease it, the 
particular value is reduced by the same amount, that is, becomes 0.0488 volts smaller 
Step = 0.0488 volts.
But all this is useless if the wanted value to be modified can somehow be fixed:
1: INCREASE A VOLTG 2: DECREASE A VOLTG
INPUT OPERATION:
INPUT ELEMENT TO TUNE:
Now, the index of the element to tune is required. The user should input an integer 
positive number between 1 and the levels per signal paiameter value. He or she can 
define the value of this index when selecting show stuff. If a non-existing index is 
wrongly applied, then the program exhibits a warning message and asks for tlie 
number again. The program goes further with the next display:
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INPUT SET OF VOLTAGES TO TUNE 
1 :STRAIGHT 2 .-COMPLEMENTARY 
INPUT OPERETION:
At this stage the user should decide whether to tune a voltage value that belong to the 
set voltage, that elements will build the straight signals, or other possible voltage 
elements that will create the complementary signals.
OPERATION: INCREASE A VOLTAGE RESOLUTION UNIT 
ELEMENT TO TUNE: 2 
VALUE = -3.5
TUNE STRAIGHT SIGNAL 
ARE YOU SURE?
1 : YES 2:NO 3 : YES, BUT COME ON...
The user is asked whether to go on, or to halt all process on course. If the user decides 
to stop, the program will go back to the preceding menu. But by typing either ‘ T or 
‘3’ the progi’am will modify the voltage value. Yet the user will not be able to check 
the new output on the scope. What was done so far modifies the value of an output 
voltage stored in tiie program as a parameter, a parameter that is a memoi-y position. 
As far as the application is concerned, a new value exits for a given output voltage.
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The data board cannot recognise the change until it reads the data from the application 
(that is say until it perfonns a read memory operation and output the new value). 
Once this operation takes place, the actual output modification will end.
NEW VALUE FOR ELEMENT 2: -2.9 
KEEP ON TUNING
1; YES 2:YES, BUT REVERSE 3: OTHERWISE
INPUT OPERATION:
The user can choose between keep on doing the same operation as before or changing 
the way the value is altered.
By pressing ‘l ’ on the keyboard, the value will be increased or decreased, depending 
on the former operation. If the value had been increased and ‘ 1’ is input, 0.0488 volts 
will be added once again (plus 0.0488 volts) and it will be reduced by the same 
amount (minus 0.0488 volts) for the decreased value.
On the conti'aiy, by typing ‘2’, the value becomes bigger, and can be made smaller by 
subtracting 0,0488volt.
In any case the value is going to be the same as it was before the former tuning 
operation.
By typing ‘3’ the following menu appears:
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DO YOU WANT TO UPDATE THE MATCHED VALUE 
LYES 2: OTHERWISE
INPUT OPERATION:
By typing ‘ U the corresponding matched value will also be timed. This option works 
as follows:
If a value belong to a particular set (complementary) has changed in a given amount, 
and the matched value is part of the other set, which will be modified as well, but in 
the reverse direction.
Suppose for instance a voltage value which was -3.04 has become -2.56 
Voltage value Increment: -2.56-(-3.04)= 0.48
And suppose also that its corresponding matched value was 2.89. Consequently, 
when selecting this option, the new matched value will be 2.41.
Equivalent matched value: 2.89-0.48 =2.41.
In a similar way, if the value had become -3.89,the equivalent matched value would 
have become:
Voltage value decrement: -3.89-(-3.04) =-0.85 
Equivalent matched value: 2.89+0.85 = 3.74
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As you can see from the example given, the equivalent matched value becomes 
smaller and the other becomes bigger.
If no updating option is selected, the matched value does not change whatsoever.
Also, whatever the option you select the board will automatically recognise the 
changed values and will update the whole set of signal generation. Now, the user can 
finally appreciate every modification on the scope, which is to say that the boaid 
reads the new values from the application.
Figure A-1 presents the complementary baseband signal for 256 QAM with signal 
level and channel information obtained by iTinning the program.
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Figure A.1: Complementary baseband signal for 256QAM with signal level, and 
channel identification.
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Some HT Properties
For instance for integral tiansfbrm, where the simplest property of Hilbert transforms 
is their linearity;
(0 + a,6-2 (t)] = (t)] + (0] (Bl)
At any value of the constant and ,
H{Const] = -  f ^ ^ d r  = 0 (B2)n  j ^ t - T
It is also important to know signal conjugate to wave of the form costy^ and sin<î?/, 
the result can be derived directly:
H [cos œt\ -  sin cot sgn{co) (B3)
H  [sin Û)/ ] = -  cos ty? sgn {m ) (B4)
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